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INTRODUCTION 


HE vibration frequencies of stretched wires 
and strings are subject to several disturbing 
factors, but it has been found that in the strings 
of musical instruments the stiffness and ampli- 
tude of vibration produce the largest effects. 
These have been studied with a specially designed 
monochord and electrical circuits arranged for 
measuring the changes in frequency due to the 
amplitude of vibration, and due to stiffness when 
the wires are supported by bridges. Experiments 
with large amplitudes of vibration have been 
compared with theoretical deductions made by 
the method of perturbations. The comparison of 
theory and experiment gives a method of deter- 
mining a bridge parameter which may be corre- 
lated with the several types of bridge supports 
used in musical instruments. Vibrations of very 
small amplitude may be studied with the appa- 
ratus and have been measured to determine the 
effects of stiffness when the string is terminated 
by bridges. The results show that the effects are 
intermediate between the two limiting cases that 
admit of a rigorous solution: that of a clamped 
end; and an end with no restoring couple. This 
is not in accord with the supposition advanced 
by Rayleigh’ and others that a wire stretched 


‘Lord Rayleigh, Theory of Sound, Vol. I, Sec. 189. 
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over bridges is closely represented by the second 
condition. The combined influence of amplitude 
and stiffness on the observed departure from a 
true harmonic series of the overtones of stringed 
instruments is considered. These effects are of 
greatest interest in instruments such as the piano 
in which the vibrations are free and therefore the 
several allowed frequencies may exist simul- 
taneously. 


THEORETICAL CONSIDERATIONS 


The frequencies of vibration of a stretched wire 
string, when the amplitude of vibration is finite 
and the stiffness is appreciable, cannot be calcu- 
lated rigorously by direct methods. The charac- 
teristics of the motion with finite amplitude and 
bridge supports, however, can be determined by 
the use of normal functions as first outlined by 
Rayleigh? for the related cases of a vibrating 
string with variable density, and for the lateral 
vibrations of bars with variable flexural rigidity. 
The amplitude of motion causes a variation in 
tension which is a function of time, distance 
along the string, and the nature of the bridge 
support. This variation in tension is treated as a 
perturbation affecting the ideal vibration of the 


oo Rayleigh, Theory of Sound, Vol. I, Sec. 141, 142, 
187. 
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string, and its effects on frequency are computed. 
The amplitudes here considered are those com- 
monly met with in musical instruments so that 
the usual approximation concerning curvature of 
the string at a point permits the motion of a 
string with variable tension to be expressed by 
the equation, 


0 oy 0’y 
atl T~) =p— (1) 


Ox\ Ox Or? 


where p is the linear density of the wire, here 
assumed constant, and TJ is the tension. The 
solutions of Eq. (1) for the case of constant 
tension are linear combinations of 


nnXx ; 
y= sin — exp (27iv,") 
i 


for the condition of zero displacement at the 
bridges. Here / is the distance between bridges, 
v,° is the frequency of vibration, and 1 is the 
overtone number. 

The solution of Eq. (1) with variable T(x,t) 
is made by means of these zero-order solutions. 
Only periodic solutions giving the normal modes 
of vibration are considered. These may be repre- 
sented by y,=u,(x) exp (27iv,t). A substitution 
of y, in (1) gives, 


d dun 
T ) +4r’pv,2u,=0. 


_ (2) 
dx\ dx 

v, is the frequency of vibration when the ampli- 
tude is finite and u,(x) are the functions giving 
the shape of the string in this case. The functions 
u, can be represented between the limits «=0 
and x=/ by a series of normal functions made up 
of the solutions for the ideal case. 


_ max 
Un=>~Cnn Sin —. 
m l 


(3) 


A substitution of (3) in (2) and simplification by 
means of the orthogonality condition yields the 
frequencies of the normal modes of vibration, 


n {TT r! 1 ' nx dT 
»=—(—) |1-— Pn 
21 p nT 0 l dx 


NTX 


X cos iF ead te | (4) 
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The value of d7’/dx must be known to evaluate 
Eq. (4). 

When the amplitude of vibration is finite, the 
tension in the string will be a function both of 
x and ¢ because of the constraints at the bridges 
on the motion of the ends of the wire, and 
because of the fact that in its transverse motion 
an element of the string moves nearly normally 
to the line joining the bridges. The instantaneoys 
variation in tension at a point of the string due 
to the latter effect will be 


AT =}rr Y(dy/dx)?, 


where r is the radius of the wire, Y is the Young's 
elastic modulus, and AJ’ =0 when the string js 
straight. If 7, is the tension in the vibrating 
string when at all points y=0, and 7» is the ap- 
plied tension, then T= 7,+AT and Tp>=T,+AT,, 
For the mth overtone of the wire vibrating with 
amplitude A», 


T= T )—}[sin? 2rv_to—sin? 27rvnt | 


nA n , NTX 
(2) 


Since the integration in (4) is with respect to x, 
the factors involving ¢ in the above expression 
may be replaced by time averages giving, 


nrAn\? nTx 
T= To — $Crr* v( l ) cos? a 


where C=sin?27v,fo—}3, therefore $2 C2 —-}. 
The value of C=0 would mean that T=T7) 
throughout the cycle of the string’s vibration. 
This would require complete freedom of motion 
of the wire over the bridges and also that the 
stretching mechanism be a perfect spring having 
no inertial lag. The limiting value of C=} would 
indicate that the greatest tension is realized 
when the string has its maximum displacement. 
Negative values of C will result when the tension 
is T) near the equilibrium line. In general the 
tension TJ» will be realized at some value short 
of the maximum displacement giving C a positive 
value. A typical set of data obtained with the 
special monochord discussed below yields the 
value of C=0.27. When (5) is substituted in (4) 
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and integrated the result is, 


nfl \} rr? Yn?C 
a Xa 
21\ p 8PT 


Eq. (6) shows that the frequency changes due to 
finite amplitude of vibration will be diminished 
by using small diameter, long wires under high 
tension, and by the use of bridge supports 
giving C a small value. 

The analysis given above is for an ideally 
flexible string. When a string with finite stiffness 
is employed, the vibrations will be still further 
modified. The differential equation for the 
string’s motion must now contain a term in- 
volving the stiffness. When this is included, 
Eq. (2) is changed to, 


d du», wrt VY d*un 
(1) = ——+4r’pv,2u,=0. (2a) 
dx\ dx 4 dx‘ 





There are two limiting cases. In the first, the 
string is clamped giving y=0, and dy/dx=0 at 
the ends. In the second situation the bending 
moment due to stiffness vanishes at the bridges 
giving y=0, and d*y/dx?=0 at the supports. 
Neither set of boundary conditions represents 
accurately the true behavior at a bridge. The 
solution of Eq. (2a) has been given for both 
sets of boundary conditions by Rayleigh.* The 
results giving the frequencies of the normal 
modes of vibration are: For the condition y=0 
and d*y/dx?=0 at ends, 


n{Tr} n?x3r4 VY 
-~(-) [1+ to] (7) 
21\ p 82T 


*Lord Rayleigh, Theory of Sound, Vol. I, pp. 297-301. 
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and 





nx xrt* VY 
+(44) +] (8) 
2 J 4TP 


for the end conditions that y=0 and dy/dx=0. 
Since the constraints introduced by the bridges 
are intermediate between the extremes, it is 
expected that the correction terms due to rigidity 
will be intermediate between the values given in 
(7) and (8). However, the ratios of the allowed 
frequencies for a string of constant length will be 
very nearly the same from either equation. 


EXPERIMENTAL METHODS 


Figure 1 is a schematic diagram of the appa- 
ratus used to maintain the vibrations of the wire, 
and the circuits for determining its frequency 
both with the cathode-ray oscillograph and the 
thyratron scale-of-sixteen circuit used with a 
standard pendulum. The vibrating string com- 
municates a small longitudinal vibration over the 
insulated bridge B to the end post P, from 
which the string is electrically insulated. This 
part is rigidly attached to one side of a carbon 
button M. The other terminal of the carbon 
button is fixed to a large mass W mounted on a 
soft rubber insulating support. This provides a 
mechanical system in which the motions of W 
and P are out of phase. The changes in resistance 
produced in the carbon button are of twice the 
frequency of the string’s vibration. The charac- 
teristics of vibrations maintained by forces of 
double frequency have. been discussed by Ray- 
leigh. The impulses are amplified and fed back 
into the string through a stepdown transformer 
T of large turn ratio used to approximate a 
matching of impedances. A small magnet H7 
produces an intense local field and the motor 
action of the current in the wire causes it to 
vibrate. The periodic force of double frequency 
will aid the motion at both extremes while the 
impulses given while passing through the y=0 
configuration are very small due to the large 
back e.m.f. and are of both signs, thus producing 


‘Lord Rayleigh, Scientific Papers, Vol. II, pp. 188-193; 
Vol. III, pp. 1-14. 
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no cumulative effect. This type of regenerative 
circuit insures that the string will vibrate with 
its own natural frequency. Both magnetic and 
nonmagnetic wires may be employed. The vibra- 
tions are free vibrations, in which the positive 
and negative damping are equal. These self- 
excited vibrations may be studied with such 
small amplitudes that not the slightest vibration 
is visible. This would be impossible if a resonance 
arrangement were used, since such a method 





would have rather broad tuning and would 
require amplitudes of vibration that would make 
a precise determination of frequency impossible. 

Any allowed frequency of vibration can be 
selected by adjusting the position of the magnet 
along the length of the wire. Several overtones 
can be made to vibrate simultaneously, but for 
the quantitative studies reported below, each 
normal mode of vibration was investigated 
separately. In some cases a filter to eliminate the 
overtones is found helpful in causing the funda- 
mental alone to appear. The amplitude of 
vibration is regulated by the gain in the carbon- 
button-pick-up and by means of the attenuation 
network shown in Fig. 1. The attenuation box is 
placed in the position shown to avoid overloading 
the amplifier. The output of the amplifier is 
adequate to operate the measuring circuits even 
when the vibration amplitude is too small to be 
seen. 

The absolute value of the frequency of vibra- 
tion is determined by means of a thyratron 
scale-of-sixteen circuit which operates a Cenco 
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impulse recorder. A rectifier R in the inpy 
permits only positive impulses to reach the 
dividing circuit, which is necessary for jts 
normal operation. Frequencies up to 1900 4 
second can be measured by this method. The 
circuit is switched on for sixteen-second intervals 
by a rotating commutator S operated by a 
standard pendulum designed by J. G. Albright. 
The precision of the sixteen-second interval js 
determined by comparison with a standard 
Reifler clock by means of a chronograph. 

Changes in frequency due to varying ampli- 
tudes of vibration, and the relative frequencies of 
the fundamental and overtones for a fixed length 
of wire can be determined by means of a cathode. 
ray oscillograph used with external synchroniza- 
tion. Any frequency near a multiple of the 
synchronization frequency can be measured by 
observing the beat frequency of the pattern on 
the cathode-ray tube. The general measurement 
procedure is to determine certain selected fre- 
quencies with the dividing circuit, then to com- 
pare the other frequencies with these by means 
of the cathode-ray oscillograph. The vibration 
amplitude is determined by direct observation 
for moderately large amplitudes and the small 
amplitudes are extrapolated by means of the 
calibrated attenuation network. 


INTERPRETATION OF EXPERIMENTAL DATA 


The variation of frequency with amplitude of 
vibration was studied with a brass wire 0.046 
centimeter in diameter, supported between 
bridges spaced 41.65 centimeters apart and under 
a static tension of 4546 grams. The experimental 
values of the wire vibrating in its fundamental 
mode are given accurately by the equation 
vi=v;°—13.5A,? of the form of Eq. (6). A com- 
parison of the constant 13.5 with the coefficient 
given by the theory yields a value for the bridge 
parameter of C=0.27 which shows that the 
tension passes through the value 7» when the 
displacement is 88 percent of the amplitude of 
vibration. The effects due to stiffness alone are 
minimized in these experiments by observing 
vibrations that are large enough to make the 
perturbations due to amplitude predominate. 
A detailed description of the influence of bridge 


6 J. G&Albright, U. S. Patent No. 1,962,378. 
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OVERTONES OF A VIBRATING STRING 


supports on the vibrations of a wire can be 
obtained by determining C for a variety of 
conditions—changing length, diameter, overtone, 
tension and material of the wire, and the smooth- 
ness of the bridges. 

Further insight into the boundary conditions 
at the bridges can be obtained by working with 
amplitudes so small that the stiffness is the 
predominant factor in changing the frequency. 
When A<0.04 centimeter for the case just 
discussed, this condition will be fulfilled. Vibra- 
tions of even smaller amplitudes than this can 
easily be sustained by a suitable adjustment of 
the attenuation network. The vibrations are 
then not clearly visible to the eye but may be 
readily studied on the cathode-ray tube when 
the internal amplification of that instrument is 
employed. Under these conditions the length /, 
overtone ”, tension 7», were separately varied 
for several different wires. The results obtained 
with the brass wire described above, showing the 
dependence of frequency upon length, are shown 
in Fig. 2 for the fundamental, and in Fig. 3 for 
the octave. The abscissae are 1// and the ordi- 
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nates are v,l/n. An ideally flexible string would 
vibrate with frequencies giving points lying on 
the horizontal line shown in both of these figures. 
In each figure, however, the observed points 
steadily depart from this straight line as the 
wire is shortened due to the stiffness of the wire. 
The lower smooth curve is computed from Eq. 
(7). This curve falls below the experimental 
points which show several times the deviation 
from the ideal case. The upper smooth curves in 
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Figs. 2 and 3 are computed from Eq. (8). These 
curves are above the experimental points giving 
values for the deviation from the ideal case of 
more than twice those actually found. These 
results show that the frequencies are inter- 
mediate between those predicted by the two 
limiting cases. It has generally been assumed,! 
however, that the boundary conditions with 
bridges are nearly those leading to Eq. (7). 

Data similar to those shown in Fig. 2 have 
been taken for several other brass and steel 
wires.® In every case the experimental points are 
intermediate between the values calculated from 
Eqs. (7) and (8), respectively. Agreement be- 
tween theory and experiment can be achieved by 
using Eq. (8) with an empirical constant 1>B>0 
before the second term (r?/l)(rY/T)*. The value 
of B decreases as the length of the wire increases ; 
it is greater for wires under higher tension; and 
is less for wires of small radius. For a brass wire 
of radius 0.0355 centimeter under a tension of 
4546 grams the average value of B is about 0.35; 
while with a tension of 8432 grams, B rises to 
about 0.50. A steel wire 0.0519 centimeter in 
radius stretched with a force of 8432 grams gives 
B=0.6 or more; while a small steel wire, 
r=0.0154 centimeter with T=4546 grams shows 
B only 0.1 or less. A relation B=const. Tr/I is 
found to hold to a first approximation. The very 
sharp decrease in the value of B for small wires 
is perhaps related to the variation of Young’s 
modulus Y with the diameter of the wire.’ 

The effect of the stiffness of the wire also can 
be shown by measuring the frequencies of the 
normal modes of vibration with a fixed length of 
wire. The ratio of the allowed frequencies for a 
fixed length of wire under constant tension can be 
obtained by manipulation of Eqs. (6), (7) and 


(8) giving, 


Vn wrt VY 
—= of + 
V1 82T 





C 
| —1) +—(4t—nta)| | (9) 
r 
Fig. 4 gives the results of measurements with 
very small amplitudes for three lengths of the 
0.046-centimeter diameter brass wire under a 
tension of 4546 grams. The overtones are sharp 
6 J. W. Coltman, Thesis, Case School of Applied Science, 
1937. 
7T. F. Wall, Nature 141, 751 (1938). 











with respect to the fundamental, and the varia- 
tion is that given by (9) when the vibration 
amplitudes are small. Fig. 5, gives the results 
with the same wire and tension, when the ampli- 
tudes of vibration are sufficient to give easily 
audible sounds. The solid curve of Fig. 5 is 
a plot corresponding to the vibration ampli- 
tudes : A,;=0.55 centimeter, A42=0.21 centimeter, 
A3=0.11 centimeter, A,=0.08 centimeter and 
A,=0.01 centimeter, respectively. The upper 
dashed curve is computed for negligible ampli- 
tudes. 

In these experiments only one normal mode of 
vibration was studied at a time, but the string 
could also be made to vibrate with several 
allowed frequencies by properly placing the mag- 
net. In such cases the incommensurate relation- 
ship between the frequencies is visible on the 
cathode-ray tube or by direct observation of the 
wire, where the beats can be clearly seen. 

A vibration sustained by a single periodic 
driving force can have only harmonic overtones 
in the steady-state, but in free vibrations all the 
normal modes may exist simultaneously and the 
resulting sound may have overtones which de- 
part from a true harmonic series. Such sounds 
are to be expected from the piano, harp and 
instruments of this kind. A study of a very 
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complete set of phonodeik records of piano 
tones made by D. C. Miller* shows that in many 
cases the overtones are inharmonic in agreement 
with the experiments described above and also 
with the data on piano tuning taken by Rails. 
back® and others. 

The vibrations of a bowed string are classed 
as self-excited vibrations.!° The action of the 
bow is to supply energy to the string at a con- 
stant average rate by frictional contact, which is 
equivalent to negative damping. There is nothing 
periodic in this process, and the string’s fre- 
quency is governed by its tension, mass and 
length; so the motion is essentially a free 
vibration" and the effects due to stiffness and 
amplitude should be comparable with the results 
obtained in the present experiments. This will, 
of course, be strictly true when the instrument is 
played pizzicato. It is probable that the tone 
quality of instruments such as the piano, violin, 
harp, etc., is due not only to the relative in- 
tensities of the overtones, but to the small, con- 
stantly shifting, phase relationship which exists 
between them because of their departure from a 
true harmonic series. 


§ PD. C. Miller, Unpublished Studies of Piano Strings. 

°0. L. Railsback, J. Acous. Soc. Am. 10, 86 (1938). 

10 Den Hartog, Mechanical Vibrations, Chap. VII, p. 288. 

11 Sir James Jeans, Science and Music (Cambridge, 1937), 
p. 100; Barton, Text Book of Sound, p. 347. 
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Resonance in Certain Non-Uniform Tubes 


ARTHUR TABER JONES 
Smith College, Northampton, Massachusetts 


(Received "July 26, 1938) 


When a solid rod is gradually lowered into an open organ pipe the pitch grows lower and then 
higher. The pipe and contained rod are equivalent to two tubes of different cross sections joined 
end to end. The equation for the frequency of such tubes is not new, but its consequences appear 
heretofore to have been examined only for cases where the narrow part of the tube is moderately 
short. The change in pitch may be surprisingly large, and agrees fairly well with that calculated. 

Consideration is also given to a tube which consists of two cylinders joined by a flaring con- 
nector. For the one tube examined experimentally, the frequencies of the first five normal modes 
of vibration are found to be in satisfactory agreement with their theoretical values. 





INTRODUCTION 

N a conversation some couple of years ago the 

question arose whether the pitch of an open 
organ pipe would be raised or lowered by putting 
a rod down into the pipe. An experimental test 
shows that when the rod is first introduced the 
pitch is lowered, but when the rod is farther down 
the pitch is raised. Moreover, the changes in 
pitch may be surprisingly large. 

It is not difficult to obtain a theoretical equa- 
tion which leads to the observed effect, and I find 
that this equation is not new. A similar equation 
has appeared in connection with the theory of 
the organ stop which is sometimes called a 
Rohrfléte and sometimes a flite ad cheminée. 
Duhamel! states that Daniel Bernoulli? was the 
first to give the mathematical theory of this 
pipe, and Duhamel points out and corrects certain 
errors in Bernoulli’s treatment. Very similar 
studies have been carried out by Bourget® in 
connection with a certain type of tube in which 
the vibration of the contained air is maintained 
by heat, and independently by Gerhardt‘ and 
by Benton® for the Rohrfléte and by Aldis® in 
connection with another form of organ pipe. But 
in all these cases one rather striking consequence 
of the theory appears to have been overlooked. 


eo C. Duhamel, Liouville’s J. de math. 15, 197 
1850). 

*Duhamel does not say where Bernoulli’s paper was 
published. It is contained in the 1762 volume of L’Histoire 
de l’Acad. Roy. des Sci., p. 431 (1764). 

+]. Bourget, Bull. Soc. math. de France 1, 87 (1873). 

‘Robert Gerhardt, Ksl. Leop.-Carol.-Deutschen Akad., 
oe 47, 5 (1884); Wied. Ann. der Physik 28, 281 

*W. E. Benton, Nature 114, 573, 787 (1924). 

* James A. Aldis, Nature 114, 309 (1924). 


Cermak’ made an experimental study of the 
resonant pitches of tubes which consisted of 
cylinders of two different diameters joined end 
to end—and in the majority of cases closed at 
one end. Bate* conducted similar experiments 
and discussed briefly the empirical equation ob- 
tained by Cermak. Cermak called attention to 
the importance of having the junction of the two 
tubes carefully made, so that the change in cross- 
sectional area is very abrupt. The last part of the 
following paper deals with a case where the 
change in cross section is gradual instead of 
abrupt. The first part deals with the problem of a 
rod pushed down into an organ pipe. 


ORGAN PIPE AND Rop: THEORY 


The organ pipe and contained rod are equiva- 
lent to two tubes of different cross-sectional areas, 


Fic. 1. Tube to represent organ pipe containing rod. 


joined end to end. In Fig. 1 let a+ represent the 
length of the pipe, let 6 represent the distance to 
which the rod is inserted, and let g, and q, repre- 
sent cross-sectional areas. a and 0 are lengths 
after corrections have been applied at the mouth 
of the pipe and at the top of it. 

Assume that there are standing waves in which 


7 P. Cermak, Ann. der Physik 53, 49 (1917). 
8 A. E. Bate, Phil. Mag. 16, 562 (1933). 
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0.7 
100 80 60 40 20 O 


da = 2g 


07 
100 80 60 40 20 O 
ga =5q> 


0.7 = 
100 80 £0 40 20 O 


ga = 10g» 


Fic. 2. Change of frequency as rod is lowered into pipe. Ordinates are ratios of frequencies. 
Abscissas® are values of 5, i.e., approximately length of inserted part of rod. 


the displacements are 


£.=(A cos kx+B sin kx) cos wt 


(1) 
£=(C cos kx +D sin kx) cos wt, 


and 


the subscripts referring to corresponding parts of 
the tube. The boundary conditions are: (1) No 
condensation at x=0; (2) no condensation at 
x=a+b; (3) at x=a the condensation in the 
wide tube equals that in the narrow tube; and 
(4) at x=a gata=qvév. On making use of these 
conditions and eliminating the ratios of A, B, C, 
and D, we obtain 


gp tan ka+q, tan kb=0. (2) 


For given values of a, b, ga, and qs, (2) may be 
solved for k either graphically or, more accurately, 
by successive approximation. Heretofore atten- 
tion appears to have been devoted almost entirely 
to cases where 3 is fairly small. 

For a+b=100 cm, and for three values of 
ga/qv, Fig. 2 shows how the frequency of the 
fundamental changes with changing distance of 
the rod down the pipe. The maximum range of 
pitch for ga=2q is nearly a major third, for 
Ja=5q» it is a minor sixth, and for gz=10q, it is 
a major seventh. 

The relative frequencies of the higher modes 
are somewhat altered by the presence of the rod. 
For g.=2qs, and for both a=4b and b=4a, Fig. 3 


* The scales of abscissas have their zeros at the right 
in order to make the curves more easily comparable with 


Fig. 1. 


shows how the frequencies of the first eight nor- 
mal modes compare with those of a uniform 
cylinder of the same corrected length. The term 
“corrected length’? is here used to mean the 
length obtained by applying the customary cor- 
rections at the two ends of the tube. Thus it is 
not in general true that when these ‘‘corrected 
lengths”’ are the same the fundamental frequen- 
cies are the same. 


CERMAK’S STUDY 


One of Cermak’s experiments’ was carried out 
with thirteen tiny tubes of approximately the 
same over-all length. The tubes were square, 
about 12 cm long, with interior cross sections of 
7.95 mmX7.95 mm and 5.8 mm X5.8 mm, and 
were open at both ends. 

Cermak made no use of the theoretical equa- 
tion (2). He was acquainted with Gerhardt's 
paper, and must have seen this equation. But 
Gerhardt was interested in cases where } <a and 
modified the equation to fit those cases. The 
equation which Cermak quotes is this modified 
equation. Very likely Cermak made no attempt 
to see whether his results agreed with (2). More- 
over the end correction which he applied was only 
half as large as it should be—for pipes open at 
both ends he applied Wertheim’s correction for 
one open end. So it is not surprising that he 
thought the theoretical equation did not agree 
well with his experimental results. 

In view of the small cross section of Cermak’s 
tubes it seemed to me desirable to modify the 
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theory by using a smaller speed of sound for the 
narrower part of the tube. This is accomplished 
by employing different k’s in the two Eqs. (1). 
Instead of (2) we are then led to 


(s—r) sin {k(ra—b)} =(s+r) sin {Rk(ra+b)}, (3) 


where s stands for ga/qo, r for ka/k», and k for kp. 
For r=1 (3) reduces to (2). 

Cermak states that his observations were all 
made at the same temperature, but does not give 
the temperature. In order to obtain theoretical 
values for the frequencies of his tubes I have 
taken the speed of sound in the two parts as 
335.8 meters/sec. and 333.5 meters/sec. These 
values seem reasonable, and when they are em- 
ployed Fig. 4 shows how well (3) fits Cermak’s ex- 
perimental results. The greatest difference is for 
b=8.24 cm, where the difference amounts to 38 
cents. But the average difference is only 13 cents, 
and when we consider the small size of the tubes, 
and the fact that Cermak determined pitches by 
comparison with a sonometer, the agreement is 
very satisfactory. 

If we compare Cermak’s results with theoret- 
ical values obtained from (2) instead of (3), the 
agreement is equally good. If the speed of sound 
is taken as 333.0 meters/sec., the average differ- 
ence between Cermak’s observed values and 
those calculated from (2) is between 13 and 14 
cents. It appears, therefore, that the refinement 
of using (3) instead of (2), even with tubes as 
tiny as these, is quite unnecessary. 

Cermak points out that of the twenty-six non- 
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Fic. 3, Relative frequencies of first eight normal modes 
compared with those of a uniform cylinder. 


uniform tubes which he examined with both ends 
open the poorest agreement with his empirical 
equation occurred for his tube No. 20. In this 
case the observed frequency was 1127 and his 
calculated value 1028. If we use Eq. (2) we find 
for this tube a half-wave-length of 15.44 cm. 
The tube was square, with interior cross sections 
of 0.79 cm X0.79 cm and 2.45 cm X2.45 cm. The 
speed of sound in it was therefore greater than in 
the thirteen tubes already considered. If the 
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Frequency 





Corrected Length of Narrow Part of Tube 


Fic. 4. Comparison of Cermak’s results with those 
obtained theoretically. The circles show Cermak’s experi- 
mental results. The curve shows frequencies obtained 
from (3). 


speed of sound is taken as 335 meters/sec., the 
half-wave-length just obtained leads to a calcu- 
lated frequency of 1085 cycles/sec. This is about 
65 cents below the observed value, whereas 
Cermak’s 1028 is about 160 cents below. A some- 
what larger value for the speed of sound gives a 
closer agreement. Thus Cermak’s experimental 
result agrees better with the theoretical equation 
(2) than it does with Cermak’s empirical equation. 


- 
ORGAN PIPES WITH CONTAINED Rops: 
EXPERIMENTAL 


I have employed three organ pipes, giving re- 
spectively—without contained rods—the pitches 
Z2, C3, and d3. These are open flue pipes of wood 
and are rectangular. Their dimensions and those 
of the rods used with them are given in Table I. 
The temperature and wind pressure remained 
nearly constant throughout each experiment. 
Frequencies were determined by beats between 
the pipe and a tuning fork with adjustable loads. 

To find the end corrections the frequency was 
first determined with the rod removed. From the 
known speed of sound and the usual correction 
for the open end of the pipe, the end correction 
for the mouth was determined. The frequency 
was again found, this time with the rod just 
about to enter the pipe. Thus the correction for 
the open end with the rod in position was found. 
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bo 30, 0 
Fic. 5. Change in frequency of pipe on inserting rod. 
Ordinates: Frequencies. 

Abscissas: Corrected length of inserted part of rod. 


The curves give the calculated frequencies, and the 
circles those obtained experimentally. 


Each rod was long enough to project from the 
open end of the pipe to such an extent as to make 
the correction at the open end practically inde- 
pendent of the distance to which the rod was 
inserted. 

The results are shown in Fig. 5. In each case 
the observed range of pitch is approximately a 
minor third. The observed frequencies are al- 
ways somewhat higher than those calculated. 
The maximum difference occurs in the case of 
the cs; pipe, where the largest value of this 
difference reaches 60 cents. 

The difference between the frequencies calcu- 
lated and those observed is too great to be at- 
tributed to errors in measurement. It is hardly to 
be attributed to turbulent motion near the 
junction of the wider and narrower parts of the 
pipe. Any such turbulence would absorb energy 
and probably very slightly reduce the observed 
frequency rather than increase it. It is possible 
that the difference is brought about by the 
method of excitation—-the observed frequencies 
were obtained by blowing, whereas the calculated 
frequencies are those of free vibration.” 


10 Tn the cases of thirteen c; flue pipes recently examined 
by C. P. Boner [J. Acous. Soc. Am. 10, 32 (1938) ] 
the frequency of the fundamental when the pipe was 
blown was in each case about 10~/sec. higher than that 
of the fundamental mode for resonance. In the cases of 
the three pipes considered in the present paper, the 
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ConICAL CONNECTOR—THEORY 


Consider a tube which consists of two cylin- 
drical parts of different diameters joined by a 
conical connector. Such a tube is shown in Fig. 6. 
2a and 26 are the diameters of the cylindrical 
parts, and /, and /; are lengths of these parts 
after corrections have been applied for the open 
ends. 

To obtain an expression for the natural fre- 
quencies of such a tube consider the three parts 


experimental difference between frequency of fundamental 
resonance and blown frequency is greatest for the cs pipe, 
where it amounts to about 2.5~/sec., a quantity which 
may be within the experimental error in determining the 
resonant frequency. See also Lord Rayleigh, Phil. Mag. 
3, 462 (1877). 
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separately. In the cylindrical parts let there be 
plane standing waves with velocity potentials 
given by 


gi=(A1 cos kx +B, sin kx) cos wt 4) 
and ¢3=(Ascos kx+B3sin kx) cos wt, 
and in the coinical part let there be spherical 
standing waves with a velocity potential given by 


rg2=(A2coskr+Besin kr) coswt. —_ (5) 


The r in (5) has the meaning suggested in the 
lower part of Fig. 6. 

There are six boundary conditions: At x=0 
and at x=/,:+/2+/; there is no condensation; 
at x=/, and at x=/,+/, the pressure on one side 
of the boundary equals that on the other; and at 
these same internal boundaries the particle 
velocity multiplied by the plane area of the 
cylinder on one side of the boundary equals the 
particle velocity multiplied by the area of a 
spherical cap on the conical side. On making use 
of the Eqs. (4) and (5) and the six boundary 
conditions, we obtain expressions from which we 
may eliminate the ratios of the six A’s and B’s. 
We thus obtain 


kr, p 


1 cot &ls 
x | tan br(—-——) —1 
kre p 


1 cot Rls 
= (—-—+tan brs) 
kre p 


1 cot kl, 
x | tan en(—+——) —1 ; (6) 
kr, p 





1 cot kl, 
( +tan bn) 


where p stands for the ratio of the areas of 
spherical cap and plane cross section. This ratio 


TABLE I. Dimensions of pipes and rods. 




















Cross 
INTERIOR SECTION 
AREA OF NOT RATIO OF | OVER-ALL 
INTERIOR Cross FILLED Cross LENGTHS 
PirE| LENGTH SECTION BY Rop SECTIONS OF Rops 
g | 66.90 cm| 66.08 cm?) 36.01 cm} 1.835 | 120cm 
¢; | 56.00 15.17 7.88 1.925 81 
d; | 49.93 15.32 | 8.03 1.908 81 
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Fic. 6. Tube consisting of two cylinders and a 
conical connector. 


is the same at both internal boundaries. The 
lower part of Fig. 6 shows how 7 and rz may be 
found from the values of a, 6, and J,. Eq. (6) is 
an awkward one, but it may be solved for the 


values of k by a process of successive approxi- 
mation. 


CoNICAL CONNECTOR—EXPERIMENT 


I have examined only one tube. The cylindrical 
parts are of brass, and the conical connector of 
sheet copper. After applying open end correc- 
tions of 0.62 cm and 1.69 cm, the dimensions are: 
1,= 24.92 cm, l2= 29.44 cm, 13= 35.39 cm, a= 1.039 
cm, 6=2.824 cm. It follows that p=1.0009, 
r,=17.17 cm, and r2=2.7187;. With the use of 
these values (6) leads to values of k from which 
the half-wave-lengths given in Table II are found. 
It will be seen that, even after the customary end 
corrections have been applied, the half-wave- 
length of the fundamental is about five percent 
greater than the over-all length of the tube. 

From the second column in the table the values 
in the third are readily obtained. They show that 
the frequencies to be expected from this tube are 
not harmonic. There is, moreover, no partial 
that has a frequency close to five times that of 
the fundamental. Fig. 7 shows how the calcu- 
lated frequencies (lower part of figure) deviate 
from a harmonic series (upper part). The fre- 
quencies in the fourth column have been calcu- 
lated by taking the speed of sound as 345 meters/ 
sec. 

No very accurate means was found for deter- 
mining the resonant frequencies experimentally. 
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The method finally adopted was to find the 
setting of a fork with adjustable loads that 
seemed to give the best resonance. The approach 
of a fork must lower the natural pitches of the 
tube to some extent, but this effect was reduced 
as much as possible by moving the fork past the 
end of the tube at a distance of from 5 cm to 10 
cm or more. A comparison of the fourth and fifth 
columns in Table II shows that, except for the 
fundamental, the observed frequencies are some- 
what lower than the calculated. The differences 
are given in the last column, and are sufficiently 


TABLE II. Cylinders joined by conical connector. 


CaLcu- 
LATED 
HALF- RELATIVE | FREQUENCY 
WAVE- FREQUENCY| CALCU- FREQUENCY 
LENGTH CaALcu- LATED OBSERVED-| DIFF. 
PARTIAL (cm) LATED (~/SEC.) (~/sEC.) | (CENTS) 
1 94.18 1 183 183 —_— 
2 40.51 2.325 426 422 16 
3 29.65 3.176 582 573 27 
4 22.63 4.162 762 760 5 
5 14.86 6.338 1161 1144 26 
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Harmonic . So 4 Sf 


Tube Studied 


Fic. 7. Comparison of harmonic series of tones with those 
calculated for the tube with flaring connector, 


small for the agreement of observed and calcy- 
lated frequencies to be regarded as satisfactory, 

Incidental mention may be made of an enter. 
taining effect which had not previously come to 
my attention and may be new to other persons, 
Let a tuning fork of the resonant pitch be moved 
past the mouth of a resonator, e.g. let the fork be 
moved in a plane perpendicular to the axis of the 
resonator. The resonator may be a simple reso- 
nant tube, the body of an open organ pipe, a 
Helmholtz resonator, or a resonator of some other 
form. If the plane of the prongs is either in the 
plane of motion, or perpendicular to that plane, 
the motion is accompanied by a change in loud- 
ness that suggest three beats. If the fork is mid- 
way between these positions, the change in loud- 
ness suggests two beats. The explanation is so 
simple that it does not need to be stated. 
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Effect of Physical Size on the Directional Response Characteristics of Unidirectional 
and Pressure Gradient Microphones 


FRANK MAssA 
RCA Manufacturing Company, Camden, New Jersey 


(Received June 24, 1938) 


A quantitative theoretical analysis of the directional 
characteristics of a unidirectional microphone, taking into 
account (1) the finite separation between the pressure and 
pressure gradient actuated elements and (2) the acoustic 
path increase caused by the physical structure which*must 
necessarily enclose the rear of the pressure actuated ele- 
ment, reveals two types of variation of the microphone 
characteristics at the higher audiofrequencies. For a 
balanced microphone, the directional characteristic is 
substantially a cardioid of revolution at the lower fre- 
quencies. As the frequency increases there are two distinct 
departures from the cardioid. First, there is a marked re- 
duction in the angle of high attenuation which is caused by 
the physical separation between the microphone elements. 
Second, there is a shift in the axis of maximum attenuation 
at the higher frequencies which is caused by the size of the 


structure which surrounds the pressure element. Experi- 
mental data taken on a balanced unidirectional micro- 
phone are presented to show the general agreement with 
the theoretical characteristics. The methods for controlling 
the amount of angular shift at the high frequencies are 
described as is also the method of mounting the micro- 
phone with reference to the pressure actuated element so 
that the “‘shift”’ will occur in the most favorable direction. 
Theoretical analysis of an idealized pressure gradient 
actuated microphone (velocity microphone) shows that the 
directional response characteristics get broader with in- 
creasing frequency. Experimental data are shown on an 
actual microphone which bear out the theory at the higher 
frequencies but not at the medium high frequencies. An 
explanation for the discrepancy is given in the text. 





INTRODUCTION 


OME time ago! a new microphone was de- 
scribed consisting of a ribbon in a magnetic 
field, one portion of which was terminated by a 
coiled pipe containing sound absorbing material, 
so that the system responded to the pressure in a 
sound wave, and another portion of which was 
left freely accessible to sound vibrations so that 
it responded to the pressure gradient in a sound 
wave. It was shown that if the sensitivity of the 
pressure and pressure gradient actuated elements 
were made equal, the microphone sensitivity to a 
plane wave arriving from any angle could be 
represented by a cardioid of revolution in which 
the maximum and zero sensitivities occurred on 
opposite ends of an axis drawn normal to the 
plane of the ribbon. In developing the theory of 
the operation of the unidirectional microphone, 
no account was taken of the finite separation that 
exists between the pressure and pressure gradient 
elements, nor was any account taken of the effect 
of the acoustic delay to the pressure element for 
sounds coming from the rear of the microphone, 
caused by the physical size of the structure 
behind the pressure actuated ribbon. 


‘Weinburger, Olson, and Massa, “A Unidirectional 
Ribbon Microphone,” J. Acous. Soc. Am. 5, 139 (1933). 


173 


This paper will present a quantitative analysis 
of the effects of the two factors mentioned above 
and experimental data will be also presented to 
show the general agreement with the theoreti- 
cally predicted departures from the cardioid direc- 
tional characteristic at the medium and high 
audiofrequencies. 

A theoretical analysis will also be made of the 
directional characteristics of a pressure gradient 
microphone and experimental data will be pre- 
sented which bear out the theory at the higher 
frequencies but not at the medium frequencies. 
An explanation of the discrepancy is given. 


UNIDIRECTIONAL MICROPHONE 


I. Effect of spacing between microphone ele- 
ments 


Assume a unidirectional microphone consisting 
of two infinitesimally small elements (one re- 
sponsive to pressure and one to pressure gradient) 
separated by a distance d as shown in Fig. 1. Let 
the outputs of the elements be so connected in 
series that for a plane wave arriving from the 
left, at angle a=0, the microphone sensitivity is 
zero, and for a plane wave arriving from the right 
(a=180°) the sensitivity is 100 percent. If a is 
the angle of arrival of a plane wave measured 
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from the axis of zero sensitivity as shown in 
Fig. 1, the ratio of the microphone output at 





Cox 





€max 


From an inspection of Eq. (1) it can be seen 
that when the wave-length \ is very great com- 
pared to the spacing d (a condition occurring at 
low frequencies) the ratio approaches: 


€a/€max=(1—cos a)/2 (at low frequencies), (2) 


which is the equation of a true cardioid. 

Figure 2 shows the departure from a true 
cardioid (computed from Eq. (1)) of the di- 
rectional response of the idealized unidirectional 
microphone of Fig. 1, as a function of-d/d. In- 
stead of using polar coordinate paper, the angle 
is plotted as the abscissa on a rectangular chart 
in order to avoid crowding of the curves. 

An inspection of the curves of Fig. 2 shows a 
very great increase in microphone sensitivity at 
small angles off the axis of zero response as the 
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Fic. 1. Schematic arrangement of an idealized uni- 
directional microphone consisting of an infinitesimally 
small pressure element and pressure gradient element 
with a plane wave arriving at an angle a with the axis 
of zero sensitivity. 


ratio d/d increases. Even for relatively small 
values of d/) it can be seen that in the region next 
to the axis of zero response, the microphone sensi- 
tivity increases appreciably over that of a true 
cardioid which is represented by the curve labeled 
d/x=0. This increase in sensitivity over the 
cardioid characteristic diminishes the solid angle 
at the rear of the microphone over which the 
microphone is capable of marked discrimination 
against undesired sounds. The smaller the spac- 
ing between the elements, the higher will be the 
frequencies at which the microphone’s dis- 
criminating ability will be reduced. 

It should be further noted that for the micro- 
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angle a to the output “‘head on” (a= 180°) can be 
shown to be equal to 


1 





d sin a 2 
=| 1-008 a—2 cos a cos ( 360") ft (1) 
" 





phone represented schematically in Fig. 1, the 
axis of zero sensitivity remains at a=0° for all 
frequencies, and only the ‘“‘attenuation angle” js 
reduced at the higher frequencies. The sym. 
metrical directional characteristics indicated jp 
Fig. 2 will be destroyed if the microphone ele. 
ments are not infinitesimally small, as shall be 
shown in the next section. 


II. Effect of finite size of pressure element 


For this analysis, the microphone elements will 
still be assumed infinitesimally small, and the 
pressure element will be assumed mounted into 
a chamber of finite size. In the actual micro- 
phone this chamber usually takes the form of an 
enclosing pipe behind the pressure ribbon. 

(a) Variation in sensitivity at a=0°.—Fig. 3 
shows a schematic arrangement of a unidirec- 
tional microphone in which the pressure element 
is terminated by an obstacle of finite size. The 
effect of the obstacle is to increase the acoustic 
path between a plane wave front traveling in the 
direction shown and the pressure actuated ele- 
ment. In other words, there will be a phase delay 
in the arrival of a wave front to the pressure ele- 
ment after it has reached the pressure gradient 
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Fic. 2. Departure from a true cardioid of the directional 
response characteristics of an idealized unidirectional 
microphone consisting of an infinitesimally small pressure 
and pressure gradient element separated by a distance d; 
for the various ratios of d/X marked on the curves. The 
curve marked 0 is the true cardioid. The angle a is the 
angle off the axis of zero response in the plane of the 
microphone elements (see Fig. 1). 
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Fic. 3. Schematic representation of a unidirectional 
microphone being actuated by a plane wave arriving from 
the rear, together with the vector diagram showing the 
phase shift of the voltage e, at the higher frequencies. 


element. At very low frequencies this phase delay 
is a negligible fraction of a wave-length of sound, 
and the voltages induced in both microphone 
elements are substantially in phase opposition 
with the resultant response equal to zéro as 
indicated in the upper vector diagram in Fig. 3. 

At higher frequencies, the phase shift increases 
as shown in the lower vector diagram in Fig. 3 
and the resultant response, é, increases. It can 
be easily shown that the microphone response 
indicated in Fig. 3 is equal to 


€o= (e,? +e,? — 2e,e, cos 6)}, (3) 


where é)=total voltage induced in microphone 

for sound arriving along the axis 
shown, 

e€,=voltage induced in pressure element, 

eé,=voltage induced in pressure gradient 
element, 

6=phase delay in the arrival of the wave 
front at the pressure element. 


6=Al/XX360°, (4) 
Al=1,—I,. 


1, and /, are indicated schematically in Fig. 3, 
\=wave-length of sound at frequency concerned. 

If e, and e, in Eq. (3) are made equal, the 
microphone is balanced and e9 approaches 0 for 
decreasing values of 6, a condition which must 
necessarily be satisfied to obtain a cardioid 
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Fic. 4. Increase in response from the rear of a uni- 
directional microphone (a#=0°) as a function of Al/X., 
Al= increase in acoustic path around pressure section due 
to the presence of the microphone structure; \=wave- 
length of sound. 


characteristic. At higher frequencies, @ increases 
as shown in Eq. (4) and the response of the 
microphone, assuming e,=e, at all frequencies, 
increases as shown in Fig. 4. Even at a value of 
Al/X=0.1, which is equivalent to a frequency of 
2700 cycles for an obstacle causing a }-inch in- 
crease in acoustic path around the pressure ele- 
ment, the response at the rear of the microphone 
is increased to 31 percent of the ‘‘head on”’ re- 
sponse. (Note: The ‘‘head on” response was as- 
sumed constant with frequency in computing the 
curve shown in Fig. 4. Some departure from this 
curve might be expected in the upper region if 
the effect of diffraction were taken into account.) 

(b) Shift of axis of maximum attenuation.—In 
the last section the response along only one axis 
was investigated for the case of a finite structure 
surrounding the pressure element of the micro- 
phone. The same structure will now be analyzed 
to determine the theoretical directional response 
characteristic along different axes. The general 
situation is indicated schematically in Fig. 5. 

A plane wave front is traveling toward the 
rear of the microphone along an axis making an 
angle a with the normal to the line joining the 
microphone elements (a is positive in the direc- 
tion toward the pressure element and negative in 
the opposite direction). The vector diagram of 
the voltage induced in the microphone is also 
shown in Fig. 5. The voltage induced in the 
microphone (e9’) is the vector sum of the voltages 
induced in the pressure element (e,’) and the 
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Fic. 5. Schematic representation of a unidirectional 
microphone with a plane wave front traveling from the 
rear at an angle @ as shown, and also the vector diagram 
of the voltage induced in each element. 


pressure gradient element (e,’). This sum may be 
expressed as 


eo = ((€4')? + (ep)? — (5) 


where ¢ is the phase angle between the two 
voltages e,’ and e,’. 

If it is assumed that e,’ is equal to e,’ at all 
frequencies for sounds arriving at a=0 and 
a=180° (a balanced microphone) and that e,’ 
will decrease as cos a for sounds arriving at an 
angle a (a condition representative of a true 
pressure gradient element), the ratio of the micro- 
phone response at angle a@ to the “head on” 
response (a=180°) becomes, 


2e,'e,' cos ¢)}, 


€a/€max = (1+cos? a—2 cos a cos ¢)!/2, 


¢= (Al—d sin a)/AX360°. 


(6) 
(7) 


If both the separation between microphone 
elements (d) and the acoustic path increase 
around the pressure structure (A/) are very small 
compared to the wave-length (A), the phase 
angle (¢) in Eq. (7) approaches zero and Eq. (6) 
becomes that of a true cardioid. At higher fre- 
quencies the directional characteristics depart 
from that of a true cardioid and the microphone 
“attenuation angle’’ becomes reduced. At the 
same time the axis of minimum response is 
shifted from a=0° at very low frequencies to an 
angle a, toward the pressure element. The angle 


Qm is such as to make ¢ equal to zero in Eq. (7) 
which is 


where 


Om =sin— (Al/d). (8) 
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Figures 6 and 7 show the departure from trye 
cardioids at various frequencies for a separation 
between elements equal to one inch. Fig. 6 was 
computed for Al= 4 inch and Fig. 7 for Al=3 inch, 

From Eq. (8) it can be seen that for the condj- 
tions assumed in Fig. 6, a,=14.5°, at which 
point all curves become tangent to the cardioid 
as shown. For the conditions in Fig. 7, a, com- 
putes to be 30° at which angle the curves are all 
tangent to the cardioid characteristic. 


70 
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Fic. 6. Departure from a true cardioid of the directional 
response characteristics of the unidirectional microphone 
shown schematically in Fig. 5, at the various frequencies 
marked on the curves. Al=} yr, d=1’". (See Fig. 5 for 
definitions of Al, d and a.) 


An examination of Figs. 6 and 7 shows that a 
considerable deviation from the cardioid charac- 
teristic may be expected at medium and high 
frequencies even for a rather small structure 
equivalent to the assumed conditions in Fig. 6. 
The shift of the axis of minimum response may 
be controlled by the size of the structure and for 
a balanced microphone it will generally always 
occur in the direction toward the pressure actu- 
ated element. This fact may be used to advantage 
by proper location of the pressure element rela- 
tive to the pressure gradient element as shall be 
described later. 


III. Experimental verification of theoretical re- 
sults 


A unidirectional microphone was carefully 
balanced so that zero response was obtained at 
low frequencies along an axis normal to the plane 
of the ribbon. In Fig. 8 is shown a cross-sectional 
view through the pressure element of the micro- 
phone to indicate the size of the structure. 

The solid curve in Fig. 8 shows the theoretical 
increase in response as a function of frequency 
along the microphone axis of nominally zero 
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sensitivity. The curve was computed from Eq. (3) 
assuming that the increase in acoustic path 
around the pressure element was equal to }§ inch 
(the sum of the two dimensions shown in the 
insert of Fig. 8). At numerous frequencies, ex- 
perimental values of the microphone response 
along the same axis were measured and are 
plotted as dots in the same figure. The general 
agreement between the two sets of data is quite 
good. 

Directional response characteristics were also 
experimentally determined for the microphone 
in order to check on the conclusions derived from 
Eq. (6) and plotted in Figs. 6 and 7; namely, that 
at the higher frequencies the axis of minimum 
sensitivity is shifted from an axis of symmetry 
behind the microphone elements, to an axis in- 
clined toward the pressure element. The experi- 
mental data for the frequency range between 600 
and 4000 cycles are plotted in Fig. 9, in which the 
angle a has the same significance as in Fig. 7. 
An inspection of Fig. 9 shows a very definite re- 
semblance to the family of theoretical curves in 
Fig. 7. The departure from a true cardioid in 
Fig. 9 is seen to increase with increasing fre- 
quencies and the axis of minimum sensitivity is 
shifted 30° to 35° toward the pressure element. 
From Eq. (8), the theoretical angular shift can be 
computed. If it is assumed that Al=4} inch 
(which seems to be justified by the data in Fig. 8) 
and d is taken to be equivalent to the axial 
distance between ribbon centers which is approxi- 
mately 1} inches, a solution of Eq. (8) gives a 
theoretical shift of about 33° which is very close to 
the actual data. 
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Fic. 7. Departure from a true cardioid of the directional 
response characteristics of the unidirectional microphone 
shown schematically in Fig. 5, at the various frequencies 
marked on the curves. Al=}'’; d=1'’. (See Fig. 5 for 
definitions of Al, d and a.) 
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Fic. 8. Experimental check of the increase in response 
from the rear of a unidirectional microphone whose cross- 
sectional dimensions through the pressure element are 
shown in insert. Solid curve was computed from Fig. 3 
and Eq. (3) assuming AJ=}4’’, The points are the actual 
measured values. 


IV. Summary of unidirectional microphone 
analysis 


Summarizing the analysis for the unidirec- 
tional microphone, it has been shown that the 
finite separation between the microphone ele- 
ments causes a sharpening of the region of high 
attenuation at the higher frequencies. Also, the 
finite size of the structure which encloses the 
pressure actuated element causes a shift in the 
axis of maximum attenuation from an axis di- 
rectly behind the microphone to one inclined 
toward the pressure actuated element. Both of 
these variations in the microphone characteristics 
may be controlled in magnitude by the size of 
the structure. 

Since the shift of the minimum response axis 
is toward the pressure element, the microphone, 
to be most effective, should be arranged with the 
pressure element either below or above the 
pressure gradient element depending on the rela- 
tive location of the source of noise which is to be 
discriminated against. For example, if the source 
of disturbing noise lies below the plane of the 
useful sound source, the microphone should be 
mounted with the pressure section nearest the 
floor. If the disturbing noise is above the plane 
containing the microphone and the useful sound 
source, then the pressure element should be 
nearest the ceiling. For example, if a unidirec- 
tional microphone is used on a stage and the 
audience noise is to be discriminated against, the 
microphone should be mounted with the pressure 
element nearest the floor so that the shift of the 
axis of maximum attenuation will be down into 
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the audience. If the microphone is mounted with 
the pressure element above the pressure gradient 
element, the microphone will be more sensitive 
to the audience noise, assuming the audience is 
located below the microphone level. 

If it is desired to provide a method for varying 
the angle between the axes of maximum and 
minimum response in a unidirectional micro- 
phone, a structure may be designed in which 
auxiliary obstacles of various dimensions may be 
added over the enclosure of the pressure element. 
An alternative method for accomplishing the 
same purpose is to provide means for varying the 
separation between the pressure and pressure 
gradient elements. 


PRESSURE GRADIENT MICROPHONE 


V. Theoretical analysis of the effect of baffle size 
on the directional response characteristic 


An idealized pressure gradient (velocity) mi- 
crophone may be represented by two infinitesi- 
mally small pistons separated in space and exposed 
on one side to sound pressure variations as shown 
in Fig. 10. The two pistons are joined to drive a 
mass controlled mechanical system consisting of 
a conductor in a magnetic field. The driving force 
will be equal to the difference in pressure acting 
on both pistons multiplied by the piston area. 
For a plane wave arriving along the microphone 
axis at angle 6=0, the difference in pressure 
acting on the microphone elements is proportional 
to (see Fig. 10 for maximum instantaneous pres- 
sure representations for a sound arriving at 
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Fic. 9. Experimental directional response characteristic 
on a unidirectional microphone consisting of a pressure 
and pressure gradient ribbon element separated approxi- 
mately 1}’’ between centers. The cross section through 
the pressure element normal to the ribbon axis is shown 
in Fig. 8. Note the general agreement with the theoretical 
characteristics of Fig. 7. 


MASSA 


angle 6 and angle @=0) 
Apo=K sin (d/XX 180°), (9) 


where K=a constant. 


For a plane wave arriving at an angle 0, the 
distance d is reduced to d cos @ and the pressure 
difference acting on the microphone elements jg 

Ape=K sin ((d cos 0)/XX 180°). (10) 


The ratio of the microphone response at angle 
6 to the response at 6=0 is given by the ratio of 
(10) over (9) which is 


sin (d cos 6/AX 180°) 
Ra= 
sin (d/4X 180°) 





100 percent, (11) 


where Ro=relative response at angle @ to angle 
6=0, 
d=distance between 
ments, 
\= wave-length of sound. 


microphone ele. 


By an inspection of Eq. (11) it is obvious that 
for very small values of d/X, the relative response 
approaches Rg=cos 6, which is the common 
“figure 8’’ or ‘“‘cosine’’ characteristic of the 
velocity microphone at low frequencies. 








Fic. 10. Idealized pressure gradient microphone con- 
sisting of two tiny pistons 1 and 2 mounted in opposite 
ends of a cylinder of length d and both pistons connected 
to drive a common conductor in a magnetic field. The 
driving force is equal to the difference in pressure on each 
piston multiplied by the piston area. Lower sketch shows 
the maximum pressure differences between surfaces 1 and 
2 for sound arriving at angle @ and angle 6=0. (A=wave- 
length of sound.) 
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Fic. 11. Directional response characteristics of an 
idealized pressure gradient microphone for the various 
values of D/X marked on the curves. D is the separation 
between the microphone elements and ) is the wave-length 
of sound. The dotted curve represents a true “cosine 
characteristic.” 


As the frequency increases, the directional 
characteristic for the idealized microphone of 
Fig. 10 departs from a true cosine function and 
becomes broader, with correspondingly less dis- 
criminating ability against generally reflected 
sound, as shown in Fig. 11. These characteristics 
have been computed from Eq. (11) for the 
various values of d/X marked on the curves. 


VI. Experimental directional response data on a 
pressure gradient microphone 


To check the results of the theoretical analysis 
of the last section, some experimental directional 
response characteristics were carefully deter- 
mined for a pressure gradient microphone con- 
sisting of a ribbon mounted in an air gap formed 
by two parallel pole pieces, each 1} inches wide. 

The dimensions of the pole structure and the 
directional characteristics at various frequencies 
are shown in Fig. 12. Comparison of the curves 
in Fig. 12 with the theoretical curves of Fig. 11 
shows agreement at the high frequency, but an 
apparent disagreement at medium frequencies. 
The theoretical curves get progressively broader 
with increasing frequencies, whereas the experi- 
mental curves first get sharper at the mid-fre- 
quencies and eventually broaden at the high fre- 
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! Fic. 12. Experimental directional response of a pressure 
gradient microphone consisting of a ribbon mounted 
between two parallel pole pieces as shown in cross section 
above. (A) True cosine characteristic (computed). (B) 900 
cycles (d/A=0.1). (C) 2250 cycles (d/A=0.25). (D) 4500 
cycles (d/A=0.5). (E) 6750 cycles (d/A=0.75). d is taken 
as the sum of the dimensions shown in sketch. 


quencies. This discrepancy may be accounted for 
by the actual departure of the mechanical struc- 
ture from the idealized microphone of Fig. 10. In 
the case of the microphone tested, the diffraction 
of sound about the relatively large surface pre- 
sented to the sound wave will cause an increase 
in pressure over the front surface of the ribbon 
at increasing frequencies. This pressure increase 
will be more marked for sounds arriving near 
normal incidence because the area presented to 
the wave front is a maximum for this position. 
The total effect will then be to increase the re- 
sponse at angles near the normal axis which, 
when superimposed on the theoretical character- 
istics of Fig. 11 (which are free from pressure 
variations due to diffraction) would result in the 
“‘egg-shaped”’ characteristics for the medium fre- 
quencies as actually obtained in Fig. 12. At the 
higher frequencies the “broadening effect’’ of 
Fig. 11 is apparently greater than the “‘sharpen- 
ing effect’”’ caused by diffraction about the actual 
structure. Therefore, the experimental charac- 
teristic represented by curve E in Fig. 12 be- 
comes broader than the ‘‘cosine characteristic ;”’ 
similar to the departure indicated by the curves 
of Fig. 11. 
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Indoor and Outdoor Response of an Exponential Horn 


C. P. Boner, H. WAYNE JONES AND W. J. CUNNINGHAM 
University of Texas, Austin, Texas 


(Received August 28, 1938) 


T is common practice, in loudspeaker investi- 
gations, to obtain an approximate free wave 
frequency characteristic of the speaker by out- 
door measurements at considerable distances 
from reflecting surfaces. In many cases such 
measurements are not feasible. In perhaps a 
greater number of cases, the loudspeaker is to be 
installed and used indoors. It is of interest, there- 
fore, to determine the relation between free wave 
and indoor frequency characteristics of the 
speaker. 

Bostwick! measured outdoor and indoor re- 
sponse of loudspeakers in the special case of a 
highly damped room and noted the difference 
between the two curves as a function of the ab- 
sorption characteristics of the acoustical material. 
Kellogg,? in discussing the general problem of 
indoor acoustical response measurements, de- 
scribed the general increase in level produced by 
reflection from bounding surfaces of the room, 
the large wave-pattern effects, and a rise of the 
response curve at low frequencies due to direc- 
tional characteristics of the speaker. Kellogg also 
noted the desirability of more data on compari- 
sons between measurements taken under different 
acoustical conditions, particularly with reference 
to outdoor measurements as a basis. 

This paper is a report on a preliminary study of 
this relation between indoor and outdoor response 
in the special case of an exponential, cone-driven 
horn. 

In the major portion of this investigation the 
horn used was an RCA model MI 477, which has 
a mouth opening 22 inches by 30 inches and is 
28 inches long. In addition, some of the study 
(Room V) was made with an RCA MI 500 
directional sound projector, which is 10 feet long 
and is 6 feet square at the bell. 

The free wave measurements were obtained 
outdoors using essentially the technique described 
by one of the authors in a previous paper,* with 


1L. G. Bostwick, Bell Sys. Tech. J. 8, 135 (1929). 
2 Edward W. Kellogg, J. Acous. Soc. Am. 2, 157 (1930). 
3C, P. Boner, J. Acous. Soc. Am. 10, 32 (1938). 


the exception that the microphone was placed 
four feet from the bell of the speaker. Proper 
calibration and spherical wave corrections for the 
ribbon microphone were applied. Measurements 
were taken both with a flat amplifier and output 
meter and with a flat amplifier driving a Genera] 
Radio type 636A wave analyzer to determine the 
effect of harmonic distortion. At the low levels 
employed, distortion was kept down to a negli- 
gible amount in the final measurements. Indoor 
measurements were made in a series of rooms 
ranging in size from a small research room to a 
large auditorium, the rooms so chosen as to have 
different acoustical properties. Room I has 
dimensions approximately 9’ X 20’ K 12’, the walls 
are plaster on hollow tile, and the floor and ceiling 
are poured concrete; the reverberation time is 
5 seconds. This room has a single metal door and 
no windows. Room II likewise has plaster walls, 
concrete floor and ceiling, a single door and no 
windows, but is considerably larger, being 
23’ X 33’ X12’; its reverberation time is 8 seconds. 
Room II has two offset corners, enclosing smaller 
rooms. Room III has essentially the same volume 
as Room II (dimensions 24’ X33’ X10’), but all 
of the wall and ceiling areas are lined with a 
double layer of 2-inch cork, and the floor is con- 
crete; the reverberation time is 0.6 second. Room 
IV has dimensions 42’ X48’ X23’ and is acousti- 
cally treated to make the reverberation time ap- 
proximately 1 second. In an effort to determine 
the effect of the number of reflecting surfaces, 
measurements were made on the roof deck of the 
Physics Building. The deck has a concrete floor 
50 feet square and has a ten-foot reflecting brick 
wall along one side, topped by a sloping tile roof. 
With the exception of a four-foot parapet wall on 
the remaining three sides, all other reflecting 
surfaces are at a great distance. Measurements 
were also taken inside a gymnasium (Room V) 
having a volume of approximately one and one- 
half million cubic feet and a reverberation period 
(empty) of about five seconds. Preliminary 
measurements have also been made in an audi- 
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torium (Room VI) having a volume of approxi- 
mately five million cubic feet. 


TECHNIQUE OF INDOOR MEASUREMENTS 


In order to minimize interference effects in- 
doors, five calibrated moving coil microphones 
were connected to a rotating switch and thence 
to a calibrated amplifier and square law meter, 
essentially as described by Stanton, Schmid, and 
Brown; Wolf and Sette;> and Bedell and 
Swartzel.6 In all cases except Room V, one 
microphone was placed on axis, 4 feet from the 
speaker and the remaining four microphones were 
placed at irregular intervals on the axis. In Room 
V (the gymnasium), the first microphone was 
approximately 100 feet from the speaker. Using 
this method, the fine structure of the response 
curve could readily be traced without automatic 
means up to 500 cycles. Above 500 cycles the 
fine structure was of minor importance. Except 
near resonant points of the room, fine structure 





‘G. T. Stanton, F. C. Schmid, W. J. Brown, J. Acous. 
Soc. Am. 5, 221A (1934 3 
1938), K. Wolf and W. J. Sette, J. Acous. Soc. Am. 6, 160 
*E. H. Bedell and K. D. Swartzel, J. Acous. Soc. Am. 
6, 130 (1935). 
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variations amounted to approximately plus or 
minus 5 db around the average. Using a single 
microphone, variations of the order of magnitude 
given by Wente’ were observed. Results were not 
particularly critical to the location of the micro- 
phones, with respect to the average response 
curves. Fig. 1 shows a typical section of an indoor 
curve between 50 and 400 cycles. Resonant fre- 
quencies® are easily noted. 


RESULTS 


In Fig. 2 are plotted the indoor levels above the 
corresponding outdoor levels as a basis, the differ- 
ence being arbitrarily taken as zero at 1000 cycles. 
These curves represent differences between the 
relatively smooth average response curves. 

Generally speaking, indoor and outdoor fre- 
quency characteristics agree from 600 cycles to 
4000 cycles. Below 600 cycles all indoor curves 
tend to rise more or less gradually, down to ap- 
proximately 200 cycles, at which point the indoor 
response rapidly rises and tends to approach a 
maximum at, or slightly below, 100 cycles. In the 
remainder of the discussion the region from 50 





E/C. Wente, J. Acous. Soc. Am. 7, 123 (1935). 
‘Ven ©. Knudsen SJ. Acous. Soc. Am. 4, 20 (1932). 
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cycles to 200 cycles will be called Region A, from 
200 to 600 cycles Region B, from 600 to 4000 
cycles Region C, and from 4000 to 8000 cycles 
Region D. 


REGION A 


As suggested by Kellogg,? the greatest part of 
the rise at low frequencies is due to the fact that, 
in the outdoor measurement, response on the 
axis at low frequencies is reduced because of the 
larger effective distribution angle of the speaker ; 
whereas reflections within the room return a large 
fraction of the dispersed low frequency energy 
through the areas occupied by the microphones. 
The flatness of these difference curves below 100 
cycles is due to the fact that distribution curves 
for the speaker are essentially the same in this 
portion of Region A. Below 100 cycles, all rooms 
studied show a raising of indoor level of approxi- 
mately 14 db above that at 1000 cycles, ap- 
parently almost independent of room size or 
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reverberation period. In Room III the rise is 16 
db, because of maximum selective absorption of 
the cork in the region between 500 and 1009 
cycles. In the case of the roof deck, Region A has 
a peak of only 9 db because of the smaller total 
amount of reflecting surface. It is interesting to 
note that this roof deck exhibits properties de. 
cidedly similar to a room, under the conditions 
chosen for test. Preliminary measurements in the 
five-million-cubic-foot auditorium (VI), (curves 
not shown because of incomplete data) indicate 
that the A region exhibits a maximum of the 
same order of magnitude as the other rooms 
studied, including Room I of 2000 cubic feet. It 
is to be observed, of course, that in all cases the 
five microphones were placed approximately 4 feet 
above the floor and hence that the large ratio of 
volume of Rooms V and VI to Room I is some- 
what misleading, because of essentially constant 
floor reflections. However, the difference between 
large rooms V and VI and the roof deck shows 
that these rooms are by no means “outdoors” for 
such response measurements. 


REGION B 


In Rooms I and II, without acoustical treat- 
ment, and in Room III, in which the absorption 
coefficient over Region B is low in comparison to 
that in Region C, the indoor response exhibits 
approximately 4 db rise above that at 1000 cycles. 
Room II, of the longest period of the group, shows 
the greatest rise. Room III shows an essentially 
linear rise through Region B, probably due to the 
absorption characteristics. Room IV shows essen- 
tially no rise in the B region, due to relatively 
higher absorption of the acoustical material in 
this entire region. Room V and the deck exhibit 
similar characteristics in the B region, which 
might be expected on account of the large size of 
Room V. 


REGION C 


All rooms, the deck, and auditorium VI exhibit 
essentially constant indoor rise over outdoor 
response in this region. 


REGION D 


At the higher frequencies the decreasing distri- 
bution angle tends to lower the indoor response 
relative to the outdoor. In the upper part of the 
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C region the increased absorption coefficient 
(relative to that in the A region) tends to coun- 
teract the effect of distribution angle. Also in the 
D region selective atmospheric absorption’: ° 
tends to lower the indoor curve relative to thé 
outdoor curve, because of lengths of reflection 
paths and the fact that four of the microphones 
(and the fifth as well, in Rooms V and VI) were 
at considerably greater distances from the 
speaker than in the outdoor measurements. 


APPLICATIONS 


It should be noted that the free wave response 
of an exponential horn decreases very rapidly 
below cut-off; hence the approximately 14-db 
indoor rise above that at 1000 cycles would not 





9Vern O. Knudsen, J. Acous. Soc. Am. 3, 126 (1931); 
5, 112 (1933); 6, 199 (1935). 


be sufficient, in general, to compensate fully be- 
low free wave cut-off. 

If a speaker exhibits a free wave response curve 
(on axis) that is flat across the boundary between 
the A and B regions, amplifier compensation 
would be necessary to prevent ‘‘boominess”’ in the 
speech fundamental range indoors. 

Additional (positive) compensation is neces- 
sary in the D region to offset the falling off of high 
frequency response in the room. This compensa- 
tion is, of course, in addition to that indicated on 
the basis of free wave measurements on axis. 

As pointed out by Kellogg,? it should be pos- 
sible to calculate the indoor response on the basis 
of free wave frequency characteristics on axis and 
distribution curves. 

Investigation of more nearly nondirectional 
sound sources will be reported in a later article. 
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Exploration of Pressure Field Around the Human Head During Speech 


H. K. Dunn AnD D. W. FARNSWORTH 
Bell Telephone Laboratories, New York, New York 


(Received August 18, 1938) 


A single speaker in a seated position repeated a fifteen- 
second sample of connected speech, while r.m.s. pressure 
measurements were made in thirteen frequency bands, and 
at seventy-six positions, in different directions and dis- 
tances. The results are applicable to intelligibility and 
microphone placement problems. They show, in general, 
the greater variation with direction at higher frequencies. 
Directivity due to the size of the mouth opening appeared 
to enter above 5600 cycles per second, the axis at these fre- 
quencies being about 45° below the horizontal, in front. 


PURPOSE 


HE aim of this investigation was to obtain 
the complete distribution of pressures 
around the human head during speech, at all 
frequencies, and at all points of a free field out 
to one meter from the lips. Such information 
would be useful in many ways: for example, in 
determining the best location of a microphone, 
or in equalizing for one whose location is deter- 
mined by other considerations; as a requirement 
in the design of artificial voices, used to simulate 
the real voice for test purposes; and for more ac- 
curate calculation of total power from the voice. 
It may be judged from what follows how nearly 
the aim was approached. Certainly there are 
limitations, such as the number of discrete spatial 
points explored, and the number of bands into 
which the frequency spectrum was divided; but it 
should be stated at the outset that the most 
serious limitation is probably that only one head 
(and voice) was used. The excuse for presenting 
results thus limited lies in the large amount of 
work required to obtain them, and in the hope 
that they may be useful as a guide until more 
extensive data are available. As between differ- 
ent speakers, differences in distribution of pres- 
sures in the field could arise from such things as 
shape of head, quantity of hair (or head gear), or 
from shape, or control of shape during speech, of 
the mouth. At least some of the features of the 
data presented here would probably not be 
greatly affected by ordinary variations in these 
respects. 


Frequencies below 1000 cycles per second were found 
strongest directly downward from the lips, or nearly go, 
The power radiated in different directions has been calcy. 
lated, and a summation gives a spectrum of the total speech 
power emitted by the mouth. It is proposed that similar 
spectra for other speakers may be obtained from pressure 
measurements at a single point, using the relations dis. 
covered for this speaker. The necessity for protecting a 
microphone used close to the mouth, from the puffs of air 
accompanying the speech, is demonstrated and explained, 


METHODS 
Free field 


To approach as nearly as possible to a condi- 
tion of free field for the measurements, they were 
made in a room lined with multiple layers of 
cloth.’ Reflections in this room were investigated 
by means of a loudspeaker and microphone, the 
latter connected to a cathode-ray oscillograph. 
By using short pulses of various frequencies, the 
direct and reflected waves picked up by the 
microphone could be distinguished, and their 
relative energies calculated. At distances not 
greater than 60 cm from the source, it was found 
that the error due to reflections could not be 
greater than 0.5 db, in a measurement of average 
power. This was also true at 100 cm, for frequen- 
cies above 500 cycles. At low frequencies, how- 
ever, errors as large as 1.0 db, at 100 cm may 
have occurred. 


Type of measurement 


No attempt was made to observe the field due 
to any single speech sound, for which the radiator 
(mouth) would have a fixed shape. Results repre- 
senting an average of all conditions during speech 
can be more quickly obtained by using an actual 
speech sample, and making the measurement an 
integration of power. The sample used, which 
is quoted below, was a set of sentences devised by 
Dr. J. C. Steinberg, to contain a wide selection of 
sounds and sound combinations. That portion of 


1 The construction is similar to that described by E. H. 
Bedell, J. Acous. Soc. Am. 8, 118 (1936). 
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the sample usually included in the measurement is 
set off by brackets. 

“The different speech sounds have been 
moulded into [sentences, such that the consonants 
and usual compounds occur in the vowel combind- 
tions which are met with very frequently in 
English. For lack of time, it was not possible to 
get every group included ; although, as is shown 
quite clearly in the figure, upward of eighty per- 
cent ] are accounted for. I think nothing else need 
be said in this place on the subject.” , 

The integration was performed over a fifteen- 
second interval, automatically timed, and begin- 
ning about two seconds after a starting signal 
was given to the speaker. 


Control of volume and spectrum 


Eighty different positions in space were ex- 
plored, and for each of these, measurements were 
made in thirteen different frequency bands. 
Limitations of apparatus and of observing per- 
sonnel were such that only one position could be 
observed at a time, and in this position only two 
bands could be measured simultaneously. This 
made it necessary to repeat the speech many 
times, the speaker making all repetitions as nearly 
alike as possible. With all precautions, however, 
rather large variations of both volume and spec- 
trum were unavoidable, and means were taken 
to correct for them. 

To compare accurately measurements made at 
different times in different positions, it was first 
necessary to set up a second microphone which 
would always remain in a fixed position. We 
should then have liked to measure the same band 
simultaneously on the two transmitters; but 
since this would have required a duplicate set of 
filters, which was not available, we were obliged 
to follow a somewhat different procedure. It had 
been observed (and will appear reasonable to the 
reader) that variations in spectrum are smaller 
between readings taken close together, than those 
likely to occur on different days, or even at begin- 
ning and end of an hour’s run. Readings on the 
exploring transmitter, followed immediately by 
readings in the same bands on the fixed trans- 
mitter, show relative pressures not greatly differ- 
ent from what would be obtained by simultaneous 
observations. The procedure adopted was to take 
two readings on each transmitter, then repeat,— 


a total of eight readings for each band, two bands 
being observed simultaneously. 

At the same time the bands were being meas- 
ured, a check was kept on the level of the speech 
as a whole. That is, for every reading in a band, on 
either transmitter, a simultaneous measurement 
of the whole? speech was made on the fixed trans- 
mitter. This measurement was an integration of 
pressure, rather than power, since it is somewhat 
simpler to make, and gives as good an indication 
of relative levels. All readings in bands, in all 
positions, were corrected by the amount by 
which the corresponding whole-speech readings 
differed from a standard value. This standard 
value had been selected from the average of early 
observations. 

For the eighty positions measured (four of 
them later discarded), thirteen bands per posi- 
tion, and eight readings per pair of bands, 4480 
repetitions of the speech sample were required. 
Preliminary and trial readings raised the total to 
well over 5000. 


Apparatus 


The photograph, Fig. 1, shows the speaker in 
position, and the two transmitters. These were of 
the condenser type, with diaphragms 1.8 cm in 
diameter, and were attached to single-stage am- 
plifiers whose form may be seen in the photo- 
graph. In all positions, the transmitters were 
oriented so that the speaker’s lips were in 
the plane of the diaphragm. The transmitters 
were calibrated for tangential incidence, in a 
free field, on the assumption that the sound waves 
progressed radially from the lips. While our chief 
interest was in comparing pressures at the differ- 
ent points in space, absolute values were meas- 
ured at all times. 

The contours of the speaker are shown in Figs. 2 
and 3, projected on two different planes. These 
figures also illustrate the system of spherical co- 
ordinates used in describing transmitter posi- 
tions. The center of the lip opening is taken as the 
origin, and positions are then given in the form 
[r, 0, ¢], where r is the radius in centimeters, @ 
the azimuth angle measured either way from the 
vertical plane extending to the front, and ¢ the 

2In this paper the word ‘“‘whole” as applied to speech, 
will mean “without frequency limitation; whereas 


“total’’ will mean “without limit in direction and solid 
angle.” 
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Fic. 1. Arrangement of speaker and microphones, for 
exploration of speech field. 


altitude angle measured either way from the 
horizontal plane through the origin. 

The fixed transmitter was attached (through 
its amplifier) to an arm of the speaker’s chair. 
The position, in the coordinates just described, 
was [32 cm, —73°, —5° 40’]. This position was 
chosen only for convenience. A wire lip-guide ex- 
tended from the amplifier case, and a small loop 
of wire at the end was always touched by the 
center of the speaker’s upper lip. This held the 
lips always in the same position relative to the 
fixed transmitter, without interfering at all with 
the speaking. The lip-guide also helped in align- 
ing and measuring positions of the exploring 
transmitter, since the small loop at the end was 
just 1.2 cm above the center of the lip opening,— 
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the origin of coordinates. Other ‘‘sights” were 
provided within the room, to assist the speaker jp 
orienting his head, both horizontally and vertj. 
cally, to a constant position. It is believed that 
errors of this kind were less than 5°. 

For distances of the exploring transmitter lesg 
than 10 cm, the dimensions of the transmitter 
were regarded as. too large, and a “‘search-tube” 
was used. This consisted of a brass tube 5 em 
long, 3 mm diameter outside and about 1 mm 
inside, acoustically connected to one of the con- 
denser transmitters. The open end of this tube 
was placed in the position desired. Calibration 
was made in bands, using actual speech at 10 cm, 
by comparison with the results from the free 
condenser transmitter in the same position. 

A simplified diagram of the measuring circuit is 
shown in Fig. 4. The “average power”’ circuit js 
shown divided through two groups of filters, 
permitting simultaneous measurements in two 
bands. These filters have sharp cut-offs, with 70 
db or more attenuation outside the passed band, 
A typical filter curve is shown in Fig. 5. The 
nominal frequency limits are given at the top of 
Table I. There are three bands of one octave 
each, below 500 cycles; above this the bands are 
each one-half octave. The highest filter is really 
high-pass above 8000 cycles, but speech itself sets 
a practical upper limit at about 12,000 cycles. 

Attenuator settings were found by trial, in the 
different bands and positions. The r.m.s. speech 
amplitude in all amplifiers was kept at least 20 db 
below the overload points, to make sure that all 
peaks were passed without distortion. For very 
close positions, additional attenuation was in- 
serted ahead of the 40 db amplifier in the explor- 
ing transmitter circuit. 

The linear rectifier, with shunted Grassot 
fluxmeter to measure electrical quantity, has 
been used satisfactorily for a number of years, for 
integration of sound pressures over intervals of 
the order of 15 seconds. The use of thermocouple 
and fluxmeter for integrating power is more 
recent, but the combination has been in use in 
these laboratories for about three years. A 
theoretical and experimental justification will 
probably be given soon in a separate paper. It 
need only be said here that this combination may 
be calibrated with a sine-wave and then used on 
any wave form, provided certain conditions are 
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observed. The fluxmeter must start from rest, 
and must not be disconnected from the couple be- 
fore the final deflection has been read. The cir- 
cuit to the couple heater is connected for the 
desired interval, but the meter is not read until 
it comes to rest, subsequent to the opening of the 
heater circuit. The final deflection is an accurate 
measure of the total energy dissipated in the 
heater, subject only to a temperature limit, which 
must not be exceeded during the measurement. 
This temperature limit is monitored by a thyra- 
tron circuit connected to the couple terminals, 
which not only indicates when the limit has been 
exceeded, but also actuates relays in the heater 
circuit, protecting the thermocouple from burn- 
out. 

The timing circuit consisted of a commutator 
driven by a synchronous clock-motor, operating 
relays to make the various connections. Two 15- 
second measuring intervals per minute were pro- 
vided. The buzzer signal was given about two 
seconds before the beginning of the interval. After 
the end of the interval, five seconds were allowed 
for the meters to come to rest and be read by the 
operator; then they were automatically returned 
to zero before the beginning of the next interval. 

The entire electrical circuit was calibrated with 
frequencies in each of the bands. Gain checks 
were then made each time the circuit was used,— 
both before and after the run. 





180° 


Fic. 2. Outline of speaker as viewed from above. Dis- 
tance and azimuth coordinates are indicated, and the small 


circle at left shows the location of the fixed transmitter. 
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RESULTS 


Tables of data 


With five variables to be shown (the three 
spatial coordinates, frequency, and the dependent 
variable—sound pressure), it is extremely diffi- 
cult to present the results compactly in graphical 
form. A tabular form has been deemed most con- 
venient for the complete data, although certain 
phases will be illustrated by curves. 

Table I gives the root-mean-square speech 
pressures, in the different bands, at the different 
points of space, in db above the pressures in the 
same bands at the point [30 cm, 0°, 0°]. Of 
course, the entire table can be changed if desired, 
to use any other point (of those measured) as the 
reference point; or absolute values can be ob- 
tained by applying the absolute pressures for the 
reference point, from Table II. 

Each pressure given in Table I is the average of 
four readings in that band and position, each cor- 
rected for whole-speech level, the average com- 
pared with a corresponding average obtained at 
the fixed transmitter, and this ratio finally com- 
pared with the similar ratio for [30, 0, 0]. 

It will be noticed that only values of 6 between 
0° and 180° appear in Table I. The head of the 
speaker was of course nearly symmetrical, so that 
equal pressures would be expected for positive 
and negative values of @. If this is not strictly 
true, the differences would not be greater than 


+48° +90° +45° 





Fic. 3. Outline of the speaker in the plane of zero azimuth. 
Distance and altitude coordinates are indicated. 
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Fic. 4. Simplified circuit diagram. 


those between different speakers, hence there is 
no loss of generality in assuming it. 

Other positions missing from Table I could not 
be occupied, either because of the speaker’s body, 
or the chair, or (in some positions at 100 cm) the 
cloth walls of the room. The general plan was to 
vary both angular coordinates in steps af 45°. 
A few measurements were made at g= —67.5°, 
at distances where ¢= —90° could not be occu- 
pied. Those at g= —22.5° were made to look for 
possible maximum values, after it had been found 
that in some bands pressures at ¢= —45° were 
greater than those at ¢=0. 

With regard to the accuracy to be accorded the 
data of Table I, we have already mentioned the 
possible error due to room effects. Errors in cali- 
bration, or from inaccuracies inherent in the 
measuring instruments, were probably not 
greater than 0.2 db. There remains the effect of 
inconstancy of the speaker, the methods of re- 
ducing which have been described. An idea of the 
magnitude of the error remaining can be obtained 
by repeating complete runs. We made such a test 
in six different cases, and the largest differences 
observed were less than 1 db in the whole speech 
and in bands 2 to 5; between 1.0 and 1.5 db in 
bands 6 to 10; and from 2 to 3 db in bands 11 to 
13. The greater differences at the higher fre- 
quencies are due to greater variations in the 
energy which the speaker puts into these bands, 
from one interval of speaking to another. Use of a 
larger number of such intervals in a complete 
measurement would of course reduce the error. 





In the position [60, 0, —45.], it was noticed 
that unexpected irregularities appeared in the 
frequency distribution of measured pressures, 
In this case the transmitter was placed rather 
close to the knees of the speaker, and in his 
normal sitting position several square inches of 
the chair seat were exposed between his knees, 
We tried the effect of covering this spot by a 
thick pad of rock-wool, but the results were not 
appreciably changed. We then asked the speaker 
to press his knees together while speaking, with 
the result that quite different pressures were 
observed. They were no more regular than the 
first, but the irregularities seemed to fall in 
different bands. It would appear that interfering 
reflections come, not from the chair, but from 
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Fic. 5. Attenuation due to Filter No. 6, 700-1000 cycles 
per second. Points of intersection with adjacent bands are 
shown. Other filters have similar attenuation curves. 
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the flesh or clothing of the speaker. In that case 
the measured pressures might be accepted as a 
legitimate part of the speech field, if it were not 
that they are so sensitive to a small change in 


the speaker’s position, at this point of measure- - 


ment. The pressures given in Table I for this 
position were estimated, on the assumption that 
they would differ from those at [60, 0, 0] by the 
same amount as the difference between the 30 cm 
pressures, in the same two directions. 


Effect of air-stream from speaker’s mouth 


The data given in Table I for distances of five 
and zero cm were obtained by means of the 
search-tube transmitter. In addition, for close 
positions directly in front of the mouth, it was 
found necessary to protect the transmitter from 
the impact of the puffs of air which accompany 
certain vowel and consonant sounds. The puff 
frequency itself is very low, but each puff is 
more or less prolonged and may be considered 
as a direct current of air during the time that it 
flows. When it impinges on a transmitter a 
turbulence is set up, in which alternating 
pressures are generated at a point very close to 
the transmitter diaphragm. These have fre- 
quencies in all parts of the spectrum, but in 
comparison with speech they are strongest at 
low frequencies. Of course they are entirely 
unrelated to the speech frequencies radiated by 
the mouth, which explains the unnatural sound 
of reproduced speech often noticed, when a close 
microphone is used. 

These conclusions seem to be the obvious 
explanation of the observed facts, which may be 
briefly stated as follows: 


(1) Extraneous frequencies, mostly low, are 
present in the output of a transmitter placed 
directly in front of a speaker, at distances less 
than 10 cm. 

(2) The magnitude and spectrum of the dis- 
turbing noise depend on the size and shape of the 
transmitter, as well as on the distance. 

(3) Moving the transmitter through an angle 
of 45°, in any direction from the axis of the 
mouth, largely removes the disturbing noise, 
leaving the speech spectrum not greatly different 
from that at greater distances. 

(4) The same effect as in (3) may be obtained 
through the use of a screen, which deflects the air- 
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stream without seriously altering the speech 
frequencies. 


Additional observations, of less general sig- 
nificance but bearing on the explanation, are: 
that reproductions of whispered speech contain 
as much of the extraneous low frequency energy 
as those of voiced speech, and that a steady blow 
against a transmitter produces an output having 
energy in all our bands, but strongest at low 
frequencies in comparison with the speech 
spectrum. 

The screen mentioned in (4) was made up of 
three thicknesses of copper mesh (wire diameter 
0.009 inches, 50 wires to the inch), held together 
in a circular metal rim, 6.3 cm in diameter.’ 
It may be described as having a high d.c. re- 
sistance, but a low impedance for voice fre- 
quencies. To show the latter, a test was made 
with single frequencies from an artificial voice, 
with a condenser transmitter 5 cm away. Losses 
not greater than 0.2 to 0.3 db were observed on 
insertion of the screen. The only exception was 
in the region between 5800 and 7600 cycles, 
where irregularities up to 2.7 db were observed. 
Even here, however, the average loss in the 
5600-8000-cycle band (12) was negligible. On 
the other hand, the screen stopped a direct flow 
of air very effectively, as could be observed by 
blowing against the hand, with and without the 
screen interposed. 

The result of interposing this screen when 
speech is being measured is given in Table III, 
which demonstrates the statements (1) and (2), 
above. The figures are the reduction, in db, of 
measured pressure when the screen is interposed ; 
or, they are the increase in measured pressure 
when the effects of the air-stream are added to 
the voice. Band 1, below 62.5 cycles, is added 
to the table in this case. No actual voice energy 
was measurable in this band, but the air-stream 
does introduce considerable energy, and the 
figures given represent a reduction to noise level 
rather than to speech. 

For the search-tube at [5, 0, 0], the effects are 
seen to be important in bands 1, 2 and 3. For 
the small condenser transmitter in the same 


3 The metal frame of the screen from a Western Electric 
No. 630A moving-coil transmitter was used, with the 
usual screen removed. The form of the screen is due to 
Mr. H. J. Michael, who devised it for use with the 630A 
transmitter in close talking. 
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TABLE I. Pressures due to speech at different positions in space, relative to speaker's lips. 





DB FROM PRESSURE AT [30 cm, 0°, 0°], IN SAME BAND. 
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In addition, this 


type of measurement does not exclude the 


hearing of the normal ear. 


position they are much smaller in all these bands, 





but are still important in bands 1 and 2. Two 


presence of large amplitudes, of short duration, 





other transmitters, of larger size, were tested in 








at higher frequencies. In the output of a repro- 


these lower bands, with the result that only in 





ducing system, the ear would hear these, as well 


band 1 is the average power of the extraneous 
frequencies found to be large. This band is 


as the low frequencies of larger average power. 
In fact, experience has shown that the puffs of 
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TABLE I.—Continued. 

Ra- | Azi- | ALTI- BAND | BAND | BAND | BAND | BAND | BAND | BAND | BAND | BAND | BAND | BaNnp | BAND 
MUTH TUDE No. 2 No. 3 No. 4 No. 5 No. 6 No. 7 No. 8 No. 9 | No. 10 | No. 11 | No. 12 | No. 13 

= ¢ WHOLE-| 62.5- 125- | 250— 500- 700—- | 1000—- | 1400—- | 2000—- | 2800- | 4000- | 5600- | 8000- 
cM DEGREES SPEECH| 125~ 250~| S0OO~| 700~] 1000~| 1400~/ 2000~| 2800~| 4000~/ 5600~| 8000~/ 12000~ 
23.5| 180 0 |— 3.8|+ 2.3}— 2.0)— 4.3}— 0.3|}— 3.2|— 4.2|—11.7|—15.7|—21.2 |—21.1|—22.4 |—19.6 
15 0 0 5.8 5.4 6.2 5.4 6.1 5.9 6.0 4.8 4.8 5.3 4.5 6.0 5.1 
45 0 5.7 6.1 5.5 5.8 6.4 6.1 5.7 3.9 4.9 4.9 3.5 1.7 5.1 

90 0 5.0 5.6 4.9 4.3 5.9 6.0 2.4 0.8 0.2 2.0/— 1.8 2.2 2.4 

135 0 1.4 5.5 4.7 3.3 5.5 4.3|}— 1.1/— 2.3|/— 3.1}/— 70|/— 80|/— 8.0|)— 6.2 

0 | +45 5.4 5.3 5.3 4.5 5.8 6.8 6.2 4.2 4.3 6.1 1.9 1.9 4.7 

45 | +45 5.2 5.0 5.0 4.7 5.6 6.0 7.5 4.6 4.0 3.9}— 0.1 1.4 4.6 

90 | +45 4.0 4.3 4.4 3.4) - 4.7 4.5 4.6 2.8 2.7 1.7|— 4.1|— 0.4|— 0.7 

— | +90 3.4 5.2 4.2 3.8 3.9 5.4 3.4 2.1 3.1 3.2}— 0.1 3.7 4.6 

0 | —223 6.1 6.8 6.8 5.9 7.4 7.0 4.4 4.3 6.1 4.6 5.9 7.9} 10.1 

0 | —45 6.6 6.7 7.1 6.5 7.4 7.5 3.6 4.2 4.3 5.8 5.4 8.8| 11.4 

45 | —45 6.8 6.9 6.7 6.6 8.2 8.2 3.2 3.4 3.8 5.2 2.6 7.1) 10.1 

90 | —45 8.0 8.0 7.5 7.6 9.5} 10.9 44 0.1 0.9\|— 0.8 0.1 4.1 0.3 

— | -—90 9.6 9.6 8.6 9.0; 11.4} 12.0 6.7 5.3 3.1 4.0 2.8 0.7 2.3 

10 0 0 9.4} 10.0 9.3 9.2 95} 10.0} 10.2 8.9 9.4 9.8 8.8 9.1 7.9 
45 0 9.5 9.4 9.0 8.8 9.9; 10.0} 10.8] 10.6 7.6 8.8 7.0 9.3 7.5 

90 0 8.3 8.7 8.8 8.7} 10.1 9.7 9.4 9.2 5.1 6.3 3.9 5.0 1.0 

0 | +45 9.3 9.5 9.3 8.5 9.6) 10.6} 10.9 8.2 6.7 8.9 4.2 5.7} 10.7 

0 | —45 9.8) 10.5} 10.0 9.3} 11.3) 10.5 8.5 7.5 8.0 9.6 8.1} 12.1) 14.1 

— | —90 10.3} 11.3] 10.0) 10.0} 12.6] 11.9 7.6 5.9 4.4 6.3 5.9 8.7 9.7 

5 0 Of | 15.3} 15.4} 15.3] 14.3] 15.0} 15.9] 15.8) 14.4] 15.1] 13.9) 144] 114] 11.0 
45 0 15.3} 17.3} 14.6] 15.6] 15.2} 16.6] 15.5} 15.9] 15.6] 13.9) 13.9] 11.5] 13.1 

0 | +45 16.0} 16.1] 16.1] 16.5] 15.5) 16.6] 15.6] 13.4} 14.5] 15.3] 10.7] 13.2] 15.2 

0 | —45 15.7} 14.3] 14.2] 14.8] 16.7] 16.2] 16.1] 14.6] 15.1] 15.1} 16.3] 16.2] 16.2 

0 0 Of} 33.9] 32.6) 31.9} 33.8] 37.1] 35.3] 34.6| 30.5] 32.2] 34.7) 39.6] 344) 37.9 











*Pressures in this position estimated: see text. _ Sim 
+ A screen to exclude direct flow of air was used in these positions. 


TABLE II. Absolute r.m.s. speech pressures, average for single voice. 








DB FROM 1 DyYNE PER sQ. CM 





POSITION WHOLE- BAND 
[r, 0, d] SPEECH No. 2 No. 3 No. 4 | No.5 
[30, 0, 07 +1.1 |—19.4]-11.6} —5.1| —5.7 





air are objectionable even when the system does 
not pass the low frequencies. 

A test was also made with the search-tube at 
about 1.2 cm, which was as close as it could be 
placed and yet leave room for the insertion of the 
screen. Here the low frequency energy added by 
the noise is not as large as at 5 cm (in com- 
parison with speech), but the proportions at 
high frequencies are larger. 

The data given in Table I for the position 
[5, 0, 0] were obtained with search-tube and 
screen. The other three positions at 5 cm were 
measured without using the screen, and serve to 
demonstrate the statement (3), above. For the 


No. 10 | No. 11 | No. 12 | No. 13 


—8.0 |—11.1 |—10.5 | —16.6 | —16.8 | —25.6 | —26.5 |—26.4 


zero distance, the search-tube was placed as 
close as possible to the center of the lip opening, 
without interfering with the motion of the lips in 
speaking. In this position it could not be pro- 
tected from the air-stream, but the data obtained 
were corrected by the reduction shown in Table 
III, for insertion of the screen with the trans- 
mitter at 1.2 cm. The accuracy of this procedure 
is very questionable, and the data given for the 
zero distance must be regarded as much less 
certain than those for other positions. Several 
other positions measured near the mouth and 
nose openings have been omitted from Table I 
because of this uncertainty, but the one at the 
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center of the lips was included because it does 
give some idea of the increase in speech pressure 
over that at 5 cm. 


Graphical illustrations 


Figures 6 to 12 illustrate graphically certain 
features of the data. In Fig. 6, pressure spectra 
at different distances are shown, along the 
horizontal line extending forward from the 
speaker. The pressure measured in each band is 
plotted as a straight line through the frequencies 
of the band, in db above the pressure measured 
in the same band at the 15-cm distance. Measure- 
ments on unfiltered, or ‘‘whole’’ speech are given 
at the left. Calculated values are also shown, 
obtained on the basis of an inverse-square rela- 
tion between power and distance. To get the 
best agreement between calculated and observed 
pressures, the source was assumed to be 0.6 cm 
inside the lips. 

The whole-speech data are plotted in a dif- 
ferent way in Fig. 7. The straight line represents 
an exact inverse-square relation, and the points 
marked with crosses show how the addition of 
0.6 cm to the distances from the lips gives a 
better fit with this line for the closer measure- 
ments. Of course, if this assumption were correct 
at all frequencies, the curves through the dif- 
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ferent bands, in Fig. 6, would all be straight 
lines at the levels indicated by the calculateg 
values. Actually, the variations shown for 10 cm 
and 30 cm are within the experimental error, and 
cannot be considered significant. At 60 and 109 
cm, some of the variations are larger than we 
would expect from experimental error alone, even 
with the increased effect of reflections from walls, 
at the larger distances. It may be that in these 
two positions we were getting the same effects, 
in less degree, that we found at [60, 0, —45), 
—i.e., that reflections from the speaker's thighs 
were the cause of the variations. It would be 
interesting to make a further study of the 
speech field, with the speaker in a standing 
position. The variations shown, however, are not 
large enough to require any serious exception to 
a law of inverse relation between pressure and 
distance, at all frequencies, from 10 cm outward, 

The pressures shown in Fig. 6 for 5 cm also 
agree with the calculated values, with the 
exception of the two highest bands. In Fig. § 
the data for a low band and a high band are 
plotted against distance. Neglecting the measure- 
ment at the lips, and without making any 
distance correction, the measured points in band 
3 lie close to the theoretical line. In band 13, 
however, the close points are low in pressure, and 


TABLE III. Effect of screen on r.m.s. value of transmitter output, in close talking. 








REDUCTION BY SCREEN, IN DB 









































MovinG Cort TRANSMITTER, NO. 630A - 
[5, 0, 0] | 0.5 | 16.5 | 1. | | | | | | 
LARGE CONDENSER TRANSMITTER, No. 394 
[5, 0, 0] | 0.0 | 9.8 | 0.4 | 0.0 | | | | | | 
SMALL CONDENSER TRANSMITTER, D-96436 ae 
[5, 0, 0] | 0.3 | 14.8 | 3.8 | 0.9 | 1.0 | | | | | | | 
SEARCH-TUBE TRANSMITTER 
fs 0, 0] | 15 | 269 | 106] 42] 10] 05 | 06 | os |-o1! 03 | 1.7 | 10 | 14 | 04 
1:2,'0, 0] 16 | 153 | 8.2] 3.7 | 1.7] 10] 1.3 | 2.3 | 25] 36 | 35 | 5.5 | 58 | 18 




















































































































* Band No. 1: below 62.5 cycles per second. For other bands, see Table I. 
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PRESSURE IN BAND, RELATIVE TO [15,0,0] IN 0B 
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FREQUENCY IN CYCLES PER SECOND 


Fic. 6. Relative speech spectra at different distances, along the horizontal line forward 
from the speaker’s lips: 2=0 and ¢=0. 


while the difference at 10 cm might be acci- 
dental, that at 5 cm cannot be so regarded. 
Furthermore, no simple distance correction, like 
that used in Fig. 7, will bring the points into line. 
The deviation may be explained in a qualitative 
manner, however, by considering that in band 13 
(8000 to approximately 12,000 cycles per second) 
the wave-length is becoming comparable with 
the dimensions of the mouth opening. In making 
the sound ‘‘sh,’’ which contributes more energy 
to this band than any other single sound, the 
speaker’s mouth opening was found to be roughly 
3cm long, by 0.5 cm high. From such an opening, 
we would expect waves 3 or 4 cm long to diverge 
quickly in a vertical plane, which would explain 
the much higher pressures at the lips than at 
5 cm; but in a horizontal plane there would be 
no spreading for a short distance, followed by a 
gradual divergence into a limited angle. Thus, 
the rate at which pressure decreases with in- 
creasing distance, close to the mouth, would be 
less than that predicted by the inverse law. 
Figure 9 shows how the speech spectrum varies 
as we go from front to back in the horizontal 
plane, at a fixed distance of 60 cm from the lips. 
Each measured pressure is plotted in relation to 


that in the forward position, in the same band 
and at the same distance. Separate curves are 
drawn for the different directions investigated in 
this plane. Fig. 10 gives the same kind of in- 
formation for the variation in a vertical plane. 
The range of angles covered begins with 45° 
below the horizontal, in front (Curve A), passes 
overhead (Curve D), and ends at 45° below the 
horizontal, in the rear (Curve K). The distance 
is again 60 cm, and the reference direction is 
horizontal, to the front (Curve B). In Fig. 11, 
the data of Figs. 9 and 10 are shown in a different 
way. Relative pressures are plotted against direc- 
tions in the horizontal and vertical planes, 
separate curves being drawn for the different 
frequency bands. 

An examination of these curves shows, first, 
that the distribution of whole-speech pressures 
is very similar to those in band 4. This is to be 
expected, since the speech energy is strongest in 
this band and the adjacent band 5 (see absolute 
values in Table II). Second, the lowest frequency 
band has nearly the same pressures in all direc- 
tions, while the other bands all show a falling 
off in pressure as we go from front to back, the 
rate being (in general) greater, the higher the 
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DISTANCE IN CENTIMETERS 


Fic. 7. Whole-speech r.m.s. pressures forward from the 
speaker, plotted as a function of distance: 6=0, ¢=0. 


frequency. An exception to this order seems to 
be band 6 (700-1000 cycles), which is more 
uniform with direction than the lower bands 4 
and 5. Third, many bands show their highest 
pressures at angles below the horizontal, in 
front. Specifically, this applies to all bands 
below 1000 cycles, and also to the two bands 
above 5600 cycles. 

A quantitative explanation of the above phe- 
nomena will not be attempted here. Qualita- 
tively, three possible factors may be mentioned 
which could affect the distribution of energy in 
space at a particular frequency. First, there is 
the shadow effect of head and body, on the 
sound emitted by the mouth (and nose), where 
‘“‘Shadow’”’ is used in the broad sense, meaning the 
total effect of the obstacle on the field. Rayleigh, 
and others, have made calculations of this 
effect for a sound source on the surface of a 
hard sphere. Obviously, the human head and 
body do not fit this description, and about all 
we can say is that we would expect the shadows 
to be deeper, the higher the frequency. 

Second, there is the directional effect because 
of the size of the mouth opening, which we would 
expect to be important only in the two highest 
bands, where the wave-length begins to be com- 
parable with the size of the opening. We have 
already discussed this effect, in connection with 
the measurements at 5 cm, and have concluded 
that the beam should be wider in the vertical 
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direction than in the horizontal. This seems 
be borne out by the curves of Fig. 11, where 
band 13 (and to some extent 12) shows a sha 

falling off after 45° in the horizontal plane, byt 
not until the overhead position has been passed 
in the vertical plane. The position of the axis 
for these high bands, appears to be near the —45 
altitude line. This is indicated by the higher 
pressures in this direction, shown in the curves 
of Fig. 11, and is further confirmed by the data 
at 10 and 15 cm, where measurements at an 
altitude of —90° were possible. The 15-cm data 
are plotted in Fig. 12. An attempt to determine 
the axis from the configuration of the lips, as 
the speaker formed the ‘‘sh’’ sound, gave a line 
somewhat below the horizontal, the upper lip 
being forward of the lower, and the edge of the 
teeth (which seems to be the source in this case) 
higher than the center of the lip opening. The 
angle, however, appeared about —25°, rather 


than —45°. Whatever the reason for the direction , 


of the axis at high frequencies, it would not be 
surprising to find it different in other speakers. 
The third possible effect, in determining spatial 
distribution of energy, is radiation from other 
surfaces, such as throat, chest, back, and back 
of neck. It would be reasonable to suppose that 
such radiation would be more evenly distributed 
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Fic. 8. Pressures in a low band and a high band, for 
different distances forward from the speaker : @=0, g=0. 


in space than the radiation from the mouth at 
the same frequencies. The data for 15 cm, 
plotted in Fig. 12, show that pressures in all 
bands below 1000 cycles continue to rise as we 
go from —45° to —90° in altitude. Since the 
latter position (directly downward from the lips) 
was very close to the speaker’s chest, it was at 
first supposed that the higher pressures were due 
to radiation of these frequencies by the chest. 
Also, since the increase is particularly marked in 
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Fic. 9. Relative speech spectra at 60 cm from the lips, for different directions in the 
horizontal plane through the lips: r=60, ¢=0. 
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Fic. 10. Relative speech spectra at 60 cm, for different directions in the vertical plane: 


r=60, 6=0 and 180°. 
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Fic. 11. Same data as in Figs. 9 and 10, but the pressures 
in each band are plotted as continuous functions of the 
angular coordinates in the horizontal and vertical planes: 
r=60 cm. 


bands 5 and 6, a possible explanation of the 
more even distribution of band 6 pressures 
(as shown in Fig. 11) was suggested. However, 
an attempt to measure the actual magnitude of 
the body radiation did not support this hypoth- 
esis. This test was made by having the speaker 
talk into a large sound-absorbing box, a soft 
rubber seal preventing radiation from mouth and 
nose into the air outside the box. The remaining 
radiation was then measured at two points. 
One of these was the [15, —, —90] position 
discussed above. Although close regulation of 
speaking level and spectrum were not possible, 
the results indicated that body radiation has an 
inappreciable effect in all bands above 500 
cycles, in comparison with mouth radiation. 
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In the lower bands, it was indicated that the 
pressures originally measured in this position 
might be reduced by the following amounts, jf 
body radiation could be excluded: band 2, 3 to 
5 db; 3, about 2 db; 4, about 1 db. The othe, 
position investigated was [30, 180, 0], or directly 
to the rear. There it was indicated that the 
reduction due to removal of body radiation 
would be about 1 db each in bands 2 and 3 
about 0.5 db in band 4, and inappreciable 
amounts in the rest of the spectrum. We cop. 
clude that the even distribution in band 6, and 
the higher pressures in the downward direction jn 
the bands below 1000 cycles (with the possible 
exception of bands 2 and 3) are due to peculj- 
arities of the sound shadow which are, as yet, 
unpredictable. Reflections from the chest may 
play a part. It should be added that higher 
pressures below the —45° line, in the lower 
bands, are also shown by the measurements at 
(30, 0, —67.5] and at [10, —, —90]. Measure. 
ments below —45° were not possible at the 
60-cm distance, with the speaker in the sitting 
position. 


APPLICATION TO LISTENING CONDITIONS 


The spatial distributions obtained were an 
average over fifteen seconds of speech. The 
question may then be raised whether different 
sounds, having energy in the same frequency 
region but produced by different mouth con- 
figurations, might not have different distribu- 
tions. While this question cannot be answered 
definitely with present information, it seems 
almost certain that such effects would be small, 
and probably inappreciable unless for consonant 
sounds involving frequencies above 6000 cycles. 
If this is correct it should be possible to locate a 
microphone in any direction from a speaker, 
equalize according to the measurements given 
here, and obtain reproduction not distinguishable 
from speech heard in front of the speaker. The 
average listener is not likely to notice changes of 
a few db in parts of the spectrum with respect 
to the rest, and on this basis the measurements 
would indicate no equalization to be necessary 
in most of the space forward of the speaker, 
from —45° to +90° in altitude, and out to about 
75° in azimuth, on either side. 

To confirm these conclusions, in part, we have 
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PRESSURE 


made listening tests in which two other positions 
were compared with a position in front of the 
speaker. One of these was overhead, or rather 
directly above the lips, at a distance of 60 cm, 
the forward transmitter being at the same 
distance. Listeners in another room could switch 
between the two transmitters. After equalizing 
the two circuits for loudness (with resistance 
attenuation only), the listeners could not dis- 
tinguish between the two transmitters. When, 
however, one of the transmitters was placed 
directly behind the speaker, there was a marked 
loss of the higher frequencies. 


ToTAL VOICE POWER 


As another application of the pressure meas- 
urements in different directions, the spectrum of 
total voice power has been calculated, from 
pressures at the 60 cm distance. The calculations 
are based on the equation 


P=Ap?/415, 


where p is pressure in dynes per sq. cm, A is the 
area in sq. cm, and P is power in microwatts. 
This equation is strictly applicable only to the 
case of a plane wave, whose direction of propaga- 
tion is normal to the area A. It is difficult to say 
in what direction the waves were progressing, in 
some of our transmitter positions, particularly 
those at small distances to the rear of the 
speaker. At 60 cm, however, an assumption of a 
radial direction at all angles cannot be greatly 
in error. On the other hand, the data at 60 cm 
are more complete, and somewhat more accu- 
rate, than those at 100 cm. 

No interpolation between the measured points 
was made, each measured pressure being as- 
sumed constant over an area extending halfway 
to the neighboring positions. The error in total 
power, involved in this assumption, is certainly 
smaller than the experimental error. On the 
spherical surface, of 60 cm radius, the areas 
formed by meridians and parallels halfway 
between the measured positions were calculated. 
Absolute pressures were obtained by applying 
the pressures at [30, 0, 0], from Table II, to 
the 60-cm data in Table I. The power equation 
was then applied to each area, and the results 
added together. It was assumed that pressures to 
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the left of the speaker were equal to those 
measured in symmetrical positions to his right. 
In two other positions assumptions were made. 
The difficulties at [60, 0, —45], have already 
been discussed, and the estimated pressures in 
Table I, for this position, have been explained. 
At g=-—90° the pressures were assumed to be 
as much above those at [60, 0, 0] as the differ- 
ences at 15 cm for the same two directions. 
This last assumption is the most doubtful. It is 
also the most important, since it involves higher 
pressures than in any other direction, in the 
bands below 1000 cycles. The area, over which 
these downward pressures were assumed to 
apply, was a zone enclosed by the small circle 
22.5° from the pole. Since the speaker’s body 
intercepted a considerable portion of the solid 
angle of this zone, the assumption implies that 
the energy which struck the body was absorbed, 
and not reflected to increase the measured 
pressure at 15 cm downward. However, even if 
the power taken for this zone is 3 db too high, 
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Fic. 12. Similar to Fig. 11, but for a different distance: 
r=15 cm. 
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the error in total power is only about 0.4 db in 
bands 5 and 6, and less in all other bands. 

The summation of power over the different 
directions was performed separately for each 
frequency band, and also for the whole-speech 
measurements. The results are given in Table IV. 
The sum of total powers obtained for the bands 
is also given. We would expect this to check the 
whole-speech power only if the band-pass filters 
fit together without overlapping, and without 
gaps between them. A detailed examination of 
the transmission curves of the filters shows that, 
on the basis of calibrations made near the 
centers of the bands, energy is lost at the edges, 
to the extent that the sum of bands should be 
0.6 db below the whole-speech measurement. 
The difference of 1.1 db shown in Table IV is in 
the right direction, and is within the experi- 
mental error. To obtain the best absolute values, 
the powers in bands in Table IV, and the band 
pressures in Table II, should be increased by 
0.6 db. This has not been done, since such 
absolute values pertain only to the individual 
speaker, and to his average level of speech 
during these tests. 

A method of estimating total speech power 
which has sometimes been used, in the absence 
of detailed information regarding spatial dis- 
tribution of energy, was to assume that pressures 
measured directly in front were constant over a 
hemisphere. Application of this method to the 
whole-speech pressure given in Table II, for 30 
cm in front of the speaker, gives 17.4 micro- 
watts, or 12.4 db above 1 microwatt. This is 
2.0 db lower than the total whole-speech power 
given in Table IV, and we might conclude that 
other calculations which have been made in the 
past, on this basis, have been low by about the 
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same amount. Thus, the value 10 microwatts, 
given by Sivian‘ as the average power of speech 
at normal level, would be increased to about 16 
microwatts. The 27.5 microwatts, obtained for 
the speaker in these tests, is not at all incop. 
sistent with such an average. Both of these 
powers are for relatively long intervals of con. 
tinuous speech,. normal pauses between words 
and sentences being included. 

Although the absolute powers (Table IV) and 
pressures (Table II) are for an _ individual 
speaker, and would be different in both magni. 
tude and frequency distribution for another 
speaker, it is probable that the relation between 
the two quantities would be more nearly the 
same. That is to say that the normal variations 
of the features inside the mouth and throat, 
from one individual to another, have a greater 
effect on the spectrum of speech at a given point 
in space, than do variations in the external 
features of head and body. We have no definite 
proof of this, but it seems a reasonable assump- 
tion. This relation between Table IV and Table 
II, which is really the ratio of power in the whole 
space to square of pressure at a single point, has 
been plotted in Fig. 13, upper curve. The actual 
ratios in the different bands are given by the 
horizontal lines, and the smooth curve is drawn 
to be consistent with them, i.e., to have the same 
integral over the frequencies of each band, and 
to pass smoothly from one band to another. 
Its exact shape within each band cannot be 
known, with present information. It is proposed, 
however, that the application of this curve to 
speech pressure measurements at the point indi- 
cated, for any speaker, will give a closer approach 


4L. J. Sivian, “Speech Power and Its Measurement,” 
Bell Sys. Tech. J. 8, 646 (1929). 


TABLE IV. Total average power, over fifteen seconds of speech, single voice. 




































































Gace | Saee No2 | No.3 | No.4 | No.5 | No.6 | No.7 | No.8 | No.9 | No. 10 | No. 11 | No. 12 | No. 13 
ToTaL PoweER IN BAND, MICROWATTS 
24.5 | 21.5 | 0.333 | 1.56 | 6.05 | 7.57 3.52 | 0.962 | 0.899 | 0.244 | 0.224 | .0202 | 0242 | 0421 
SAME IN DB. From 1 MICROWATT 
+14.4 | +13.3 | —4.8 | +1.9 | +7.8 | +8.8 | +5.5 | —0.2 | —0.5 | —6.1 | —6.5 | -163| -16.2|-138 
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to the spectrum of total speech power for that 
speaker, than w ould be obtained by assuming a 
constant relation between pressure and _ total 
power at all frequencies. 

If the pressure measurements are made at a 
different point, the data of Table I may be 
applied to get the corresponding curve. This has 
been done for the point [30, 0, —45], and the 
result is shown in the lower curve of Fig. 13. 
The shape is considerably different, as would be 
expected. It may be of particular interest to 
observe that between 100 and 2800 cycles this 
curve remains within 1 db of a constant value. 

The spectrum of total speech power is interest- 
ing, not alone for its own sake, but also as 
applicable to certain practical conditions. One of 
these is speech in a live room, where the energy 
radiated in every direction contributes to that 
which may be observed at a point distant from 
the speaker. Another application is to the case 
of speech produced very close to a transmitter 
mouthpiece, or in an acoustic device such as the 
megaphone. This is not to say that other effects 
could be neglected, such as selective absorption 
in the case of the room, or the change in the im- 
pedance offered the mouth in the second case. 


REFERENCE TO OTHER OBSERVERS 


In conclusion, we shall refer briefly to two 
other experimental investigations along similar 
lines. Trendelenburg® measured the pressure due 
to a sustained speech sound, as a function of 
direction in the horizontal plane only, at a dis- 
tance of 100 cm from the mouth. Frequency 
discrimination was achieved through the use of 
different sounds, having energy maxima in 
different frequency regions. Our results in bands 
10 and 12 are in good agreement with his curves 
for 3300 and 6000 cycles. A comparison at low 


‘F. Trendelenburg, ‘Beitrag zur Frage der Stimmricht- 
wirkung,” Zeits. f. tech. Physik 10, 558 (1929). 
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Fic. 13. Ratio of average speech power in the total field 
to mean-square pressure at a single point, expressed in db. 


frequencies is difficult, because of irregularities in 
his curves which he attributed to reflections from 
external surfaces. 

Braunmiihl and Weber® investigated the de- 
pendence of speech pressure on distance from the 
lips, for distances of 1 cm to 40 cm. Presumably 
the direction was forward. They used sustained 
sounds, and separated the different frequency 
regions through the use of octave filters. They 
concluded that pressure is inversely proportional 
to distance, except that frequencies above 3200 
cycles show smaller pressures near the lips than 
would be predicted by this law, from measure- 
ments at greater distances. They also found a 
difference between speakers, in the magnitude of 
the departure at high frequencies,—a_phe- 
nomenon which they attributed to differences in 
the shape of the mouth. In the present investiga- 
tion, a noticeable departure was found only 
above 5600 cycles, but it should be noted that 
the 5600-8000-cycle band includes a part of 
their 3200—-6400-band. Since, in addition, we 
used but one speaker, it can only be concluded 
that the results are in agreement. 

°H. J. v. Braunmiihl and W. Weber, “Beitrag zur Frage 


der Sprachiibertragung aus gerauscherfiillten Raumen,” 
E.N.T. 13, 414 (1936). 
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A Moving Coil Pistonphone for Measurement of Sound Field Pressure* 


VOLUME 10 


RALPH P. GLOVER! AND BENJAMIN BAUMZWEIGER? 
Shure Brothers, Chicago, Illinots 


EARLY everyone conversant with the tech- 

nique of acoustic measurements is familiar 
with the pistonphone as a direct means of gener- 
ating a readily calculable sound pressure in an 
enclosure. Because the enclosure dimensions must 
be small compared with the wave-length of 
sound, and because of obvious difficulties in driv- 
ing the piston through an appreciable stroke at 
high frequencies, the pistonphone is inherently a 
low frequency device with an upper frequency 
limit of the order of several hundred cycles per 
second. Despite this limitation the pistonphone 
is exceedingly useful in the field of acoustic 
measurements. 

An early pistonphone described by Wente*® 
employed a piston driven by means of a motor 
with flywheel and crank. Later Wente‘* used a 
short-stroke disk-like piston mounted on a rubber 
diaphragm and driven by a_ two-cycle-per- 
revolution cam. Fixed pressures of the order of 
3000 dynes per square centimeter were developed. 
Mechanical difficulties can be inferred from the 
constructions described by Wente and vibration 
due to the high speed rotary drives may well have 
presented serious problems. 

About two and one-half years ago, the authors 
designed a moving coil driven pistonphone for 
use as an absolute pressure standard for micro- 
phone calibration. No particular originality is 
claimed for utilization of the moving coil prin- 
ciple in view of the highly advanced status of 
high power moving coil loudspeaker design in 
recent years. Although no constructional details 
were available, it was later found that the same 
principle is apparently employed in the piston- 
phone of the National Physical Laboratory of 
England.* Some of the obvious advantages of the 
moving coil design are compactness, freedom 
from excessive vibration, simple electrical control 
of piston stroke by varying frequency and cur- 


* Read by Mr. V. L. Chrisler at the 19th Meeting of the 
A. S. A., Washington, D. C., May 3rd, 1938. 

1 Chief Engineer, Shure Brothers, Chicago. 

2 Development Engineer, Shure Brothers, Chicago. 

3 Wente, Phys. Rev. 10, 48 (1917). 

4 Wente, Phys. Rev. 19, 343 (1922). 

5 Kaye, J. Acous. Soc. Am. 7, 174 (1936). 
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rent in the moving coil, and last but by no means 
least, the ready adaptability of commercially 
available loudspeaker parts to the design. 

The theory of the pistonphone has been ey. 
haustively treated by Wente*® and Ballantine‘ 
Basically the device consists of a rigid pressure. 
tight enclosure and a reciprocating piston which 
causes a sine wave incremental change in the 
enclosure volume, thus producing an alternating 
differential pressure about the ambient. A simpli- 
fied expression for the root-mean-square excess 
pressure in the enclosure (assuming air is the 
medium, with a ratio of specific heats of 1.41) js: 


p=D(S/2V)Po, 


where ? is the r.m.s. alternating pressure, dynes 
per sq. cm, 
Dis the total linear displacement or 
stroke of the piston, cm, 
S is the area of the piston, sq. cm, 
V is the mean volume of the enclosure, 
cubic cm, 
Py is the ambient atmospheric pressure, 
dynes per sq. cm. 


The actual pressure is slightly less than that 
indicated by the above expression because of the 
cooling effect of the walls. 

Both Ballantine and Wente have derived the 
“‘cooling-effect coefficient’ in terms of frequency, 
ratio of area-to-volume of enclosure and the 
physical characteristics of the medium. Correc- 
tion curves computed from both the Ballantine 
and Wente formulas are shown in Fig. 1 for the 
authors’ pistonphone which has a ratio of area- 
to-volume of approximately 2. It will be noted 
that the corrections range from —0.3 and —0.5 
db at 10 cycles, to —0.02 and —0.14 db at 200 
cycles. The lower frequencies (below 30 cycles) 
where the corrections are greatest are of lesser 
interest in practical engineering work, and experi- 
ence has shown that it is permissible to neglect 
the cooling-effect correction in view of the some- 
what larger experimental errors which are toler- 


6 Ballantine, J. Acous. Soc. Am. 3, 338 (1932). 
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A MOVING COIL 


able in commercial measurements. On the other 
hand, if the piston stroke can be measured with 
high precision, the uncertainty in the exact values 
of the cooling-effect coefficient may be an impor- 
tant limitation to the accuracy of the device. 

All previous pistonphones known to the au- 
thors have been used in conjunction with con- 
denser microphones, the diaphragm of which 
formed one of the walls of the enclosure. It is 
necessary that the diaphragm be sufficiently 
stiff so that the rigid enclosure is closely ap- 
proximated. 

Figure 2 shows the dynamic pistonphone with 
the head removed. The interior of the chamber 
has a net enclosure volume of approximately 50 
cubic centimeters. The pressure-indicating micro- 
phone is a Rochelle salt ‘‘sound-cell’’ mounted 
on the removable head a small distance from its 
surface. The ‘‘sound-cell” is small, is sufficiently 
stiff mechanically, and has low sensitivity to 
mechanical vibration. It is permanently covered 
with the square screen for protection and electro- 
static shielding. The head is fastened to the 
chamber by means of three wing-nuts. The piston 
which is made of steel $ inch (0.318 cm) in di- 
ameter, operates in a bronze bearing 1 inch long 
projecting into a recess provided for this purpose 
in the rear wall of the chamber. The piston can be 
driven at 60 cycles from the filament transformer 
of the rectifier tube supplying current to the field 
electromagnet and its stroke can be adjusted with 





“0 2o 40 60 0 700 
SREQUENTCY -CYCLES PER SEC. 


AEOYETION OF PRESSURE OV8 FO COOLING Of 
MEDIA AT MAMLES 


Fic. 1. 


the rheostat knob at the left. Whenever other 
frequencies are required, the switch in the center 
of the panel is changed to “external” position and 
the moving coil is connected to a pair of binding 
posts at the back of the instrument for external 
oscillator. 

The liberal use of commercial loudspeaker 
parts will be evident in this illustration. Later 
pistonphones were constructed with permanent- 
magnet speaker field structures. 


PISTONPHONE 





Fic. 2. 


The side view, showing the pistonphone head 
in position and the piston driving mechanism, 
appears in Fig. 3. The moving coil is supported 
at its end by means of a stiff perforated aluminum 
cone which is attached to the piston. Centering 
of the coil in the air-gap is maintained by the 
piston alone. A phosphor-bronze spring serves to 
restore the coil to its proper position within the 
magnetic structure, and a narrow aluminum 
pointer extends vertically towards the scale used 
for stroke measurements. The scale can be ob- 
served through the magnifying eyepiece which 
has a power of approximately five. The pointer 
and scale are illuminated by a pilot bulb placed 
in the shield immediately above the eyepiece. 

The scale is divided in hundredths of an inch, 

it being possible to read the stroke with a pre- 
cision of about one-quarter division. Assuming a 
0.1-inch stroke (a pressure of approximately 200 
dynes per sq. cm), this gives an accuracy of 
stroke determination of 2.5 percent, or within 
approximately 0.2 db. The cooling-effect co- 
efficient may be responsible for an error of about 
the same magnitude at 60 cycles, so that the 
pressure appears to be known within about 0.5 
db as used in this laboratory. 
’ Each instrument is provided with a chart for 
quick conversion of strokes to pressures. Piston- 
phones constructed later were provided with 
somewhat more elaborate stroke-measuring sys- 
tems using the same general type of optical 
arrangement. 

The pistonphone head is provided with a 
terminal box having two plug connections. The 
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Fic. 3. 


lower one is the pistonphone microphone output 
and the upper receptacle gives access to the 
terminals of the resistance across which the sub- 
stitution voltage is applied. 

The absolute sensitivity of the pistonphone 
microphone is determined by introducing a com- 
parison voltage across a low series resistance 
when the piston is stopped. The series voltage is 


the same as the open circuit voltage developed 
by the microphone when the system output is the 
same as that observed with the piston Operating, 
The head of the pistonphone (with the micro. 
phone attached) is then removed and placed 
before the laboratory sound-source. The power 
input of the sound-source is adjusted until the 
desired pressure is obtained, as determined from 
the previous calibration. This known sound field 
pressure can then be used in determining the 
sensitivity of another microphone, for example. 
The pistonphone head does not disturb the sound 
field at the low frequencies at which it is used. 
In this laboratory other microphones whose 
calibrations were originally referred to standards 
based on Rayleigh disk and other determinations, 
are provided as relative standards over a very 
wide frequency range. The pistonphone appar- 
tus makes it a simple matter to check these 
standards for low frequency sensitivity. This is 
done as a daily routine and affords a precise 
check which requires only a few minutes to per- 
form. In addition, because of its rugged compact 
nature, a pistonphone of the type described ap- 
pears to be well suited for over-all calibration 
checking of sound level meters in the field and in 
the laboratory. The method of adapting the 
pistonphone for such service will be obvious. 
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The Effect of the Consonant on the Vowel 


Joun W. BLAck 
Kenyon College, Gambier, Ohio 
(Received June 10, 1938) 


ECENT definitions of the spoken vowel 

through the method of harmonic analysis 
show that, within limits, the vowel varies in 
harmonic structure during its temporal course, 
that it varies from person to person, and that it 
varies with frequency and intensity. Two in- 
vestigators, Black’ and Lasse,’ studied the vowel 
in the word top. The former used pronunciations 
from nine male speakers (Ss) as well as seven 
repetitions of the word by one of the Ss in an 
attempt to establish a broad physical definition 
of the vowel, and the latter used pronunciations 
from three male Ss each of whom spoke the word 
at different pitch and intensity levels. Although 
the variability of the vowel was conspicuous in 
both studies, there was one circumstance which 
resulted in similar harmonic structures, the repe- 
tition of the word by the same S under constant 
conditions. From comparisons of wave-to-wave 
analyses of seven pronunciations of top by one S 
it was concluded : 


“It appears that any one of the records could be 
used for obtaining a description of the speaker's 
vowel produced under the conditions of the ex- 
periment. Despite the instability of the vowel 
and the subtle changes it makes with the course 
of time, it may be a well-established product for 
a single individual.’’ 


There remains the possibility that this con- 
stancy applies only when the vowel is preceded 
by t and followed by p, and that other consonants 
might alter the harmonic structure of the vowel 
through regressive or progressive assimilation. 
To test this problem the S whose performance 
underlay the foregoing conclusion spoke top, sas, 
fof, cock, and pop, using perceptually the same 
vowel throughout. As in both the studies men- 
tioned above, S, after considerable practice, 
spoke each work in series, e.g., top, top, top, top 

1 John W. Black, ‘“‘The Nature of the Spoken Vowel,” 
Archives of Speech, 2, 7 (1937). 


*Leroy T. Lasse, ‘““The Effect of Pitch and Intensity 


on the Quality of Vowels in Speech,”’ Archives of Speech, 
2, 41 (1937). ” - 


John W. Black, reference 1, p. 23. 


. » Maintaining constancy in time, pitch, 
quality and loudness. He stood about 12 in. in 
front of a microphone in an acoustically treated 
room‘ and spoke at a rate of 140 words per 
minute. Oscillographic records were made through 
a calibrated system of the fourth word in each 
series. 

By means of a Henrici analyzer a harmonic 
analysis was made of the consecutive waves in 
the vowels, the analysis being extended in each 
instance to include the thirty-fifth component. 
The results of these analyses, corrected in terms 
of the frequency-response characteristics of the 
recording system, were made comparable from 
wave to wave by computing the intensity of each 
component in relation to the total intensity of the 
strongest wave in the vowel. Thus, the compo- 
nents are plotted in Figs. 1 and 2 from a base 30 
db below the intensity of the strongest wave. The 
data are simplified in Fig. 3 which shows the 
centroids of energy distributions in each wave 
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Fic. 1. Acoustic spectra of the successive waves of two 
pronunciations of the vowel in top as spoken by S. 


4 The noise reduction coefficient of the room is 0.90, 
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Fic. 2. Acoustic spectra of the successive waves of the vowels in sas, fof, pop and cock as spoken by S. 


of all the vowels and gives an approximation of 
the amount of energy present in each dis- 
tribution. 
| The analyses of two pronunciations of top in 
Fig. 1 indicate the constancy of the vowel when 
one S repeats the word. From similar records of 
nine Ss it has been possible to define this vowel as 
being characterized by three frequency regions, 
viz., 670-850 d.v., 1100-1300 d.v., and 2400- 
2600 d.v.5 These frequency bands were deter- 
mined from calculations of only the energy above 
a reference point twenty-five db below the total 
intensity of the strongest wave in the vowel. The 
more exhaustive treatment of the present records 
suggests a fourth frequency band, 3000-3300 d.v., 
evidence for which has been found in similar 
studies.*® 

The graphs in Figs. 1, 2, and 3 reveal that the 
physical vowel changes very little when preceded 
and followed by different voiceless consonants. 


5 John W. Black, reference 1, p. 18. 
6 Don Lewis, ‘Vocal Resonance,” J. Acous. Soc. Am. 
8, 91 (1936); L. T. Lasse, reference 2, p. 56. 





There are some differences, however, and these 
become significant in view of the facts that they 
are differences which previously were not present 
when the same S repeated the vowel in identical 
words and are not apparent in the present graphs 
of the two pronunciations of top. The most ob- 
vious differences are the frequencies at which the 
centroids occur, and are evident because of the 
difference in frequency intervals between the 
third and fourth centroids, this separation being 
considerably greater in some of the graphs than 
in others. Closer inspection shows the possible 
importance of these differences. The vowels in the 
two tops and in cock (later referred to as group I) 
are very similar, the first two centroids occurring 
at 650 and 1200 d.v. and the third and fourth 
centroids occurring at 2300-2400 and 3100 d.v. 
Differing from these, though similar to each 
other, are the vowels in fof, sas, and pop (group 
II). They agree with the first group in having a 
centroid at 650 d.v. The second centroid, how- 
ever, instead of being at 1200 d.v. is somewhat 
lower, about 1100 d.v. An even greater disparity 
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Fic. 3. Centroids of energy distributions in successive waves of the vowels in top (2), fof, sas, cock and pop as spoken by S. 


between the two groups of vowels appears in the 
relationship of the third and fourth centroids. 
They are closer together in group II, being 
separated by no more than 500 d.v. instead of the 
700-800 d.v. interval in the other vowels. In 
group II the third centroid is higher in frequency 
and the fourth centroid in two of the three 
instances is lower in frequency than correspond- 
ing centroids in the other group. These differences 
are shown more exactly in Table I. 

Under the assumption that previous experi- 
mentation has shown that a single speaker’s 
vowel is constant during repetitions of the same 

TABLE I. The frequencies of the centroids of energy 


distributions in the vowel ‘‘ah’’ when the vowel is preceded 
and followed by different consonants and spoken by S. 


FIRST SECOND THIRD FOURTH 
top 650 1200 2400 3100 
cock 650 1200 2300 3100 
fof 650 1100 2600 3000 
sas 650 1100 2700 3200 
pop 650 1100 2550 2950 





word, the differences noted in the physical com- 
position of the vowels in this study may be attrib- 
uted to the effect of the consonants which pre- 
cede and follow the vowels, in other words, the 
combined effect of progressive and regressive as- 
similation. These changes presumably may be 
attributed to physiological correlates, but no 
definite causal relations can be posited from these 
data. 

In conclusion, one S whose vowels in identical 
words have been found to be very similar, at- 
tempted to produce identical vowels in a series 
of different words. It is found that although the 
vowel remains fairly constant when it is used 
between varying consonants, it differs somewhat 
from word to word. This contributes to the 
variability of the physical pattern of a vowel. 
It varies not only (1) with frequency, (2) with 
intensity, (3) within itself from wave to wave—a 
polyphthongal state—and (4) between different 
Ss, but also (5) within the speech of one S when 
the vowel is bounded by different consonants. 
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A Tubular Directional Microphone 





a. VOLUME iy 


W. P. Mason AND R. N. MARSHALL 
Bell Telephone Laboratories, New York, New York 


A tubular directional microphone is described which consists of a pressure type microphone 
coupled to an acoustic impedance element composed of a large number of tubes whose lengths 
vary by equal increments. The function of this variation in length is twofold. First, the multiple 
resonances of the individual tubes occur at intervals so close together that the net effect of the 
bundle is that of an acoustic resistance over a fairly wide frequency range and so does not im- 
pair the high quality of the attached microphone. Second, high directivity is secured, because 
for sound incidence other than normal each tube introduces a different path length with phase 
cancellation resulting in a composition chamber between the microphone and the ends of the 
tubes. The theory of operation is summarized and data are presented to show the perform- 
ance of the instrument which is in fair agreement with the theory. 


INTRODUCTION 


HE directional microphone, with which this 

paper deals, consists of a standard pressure 
type moving coil microphone closely coupled to 
an acoustic impedance element. The general 
appearance of the combination is shown in 
Fig. 1. This particular impedance element con- 
sists of 50, 2’ diameter, thin-walled aluminum 
tubes which vary in length by equal increments 
from 3 cm to 150 cm. The function of this varia- 
tion in lengths is twofold. First, the multiple 
resonances of the individual tubes occur at 
intervals so close together that the net effect 
of the bundle is that of an acoustic resistance 
over a fairly wide frequency range and so does 
not impair the high quality of the attached 
microphone. Second, high directivity is secured, 
because for sound incidence other than normal 
each tube introduces a different path length with 
phase cancellation resulting in a composition 
chamber between the microphone and the ends of 
the tubes. 


HIsToRY 


Herschel (1833) was probably the first experi- 
menter to use tubes to obtain interference be- 
tween sound waves and the principle was ap- 
plied by Quincke as a filter to prevent sounds of 
definite pitch from reaching the ear. Later, 
Lord Rayleigh observed the points of silence in a 
sound field generated by two sources of the 
same pitch and suggested that ‘‘another method 
is to duplicate sound coming along a tube by 
means of branch tubes whose open ends act as 
sources. But the experiment in this form is not 
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a very easy one.””! A Frenchman, André Blondel, 
capitalizing on Rayleigh’s suggestion filed a 
U. S. patent in 1925 for a device consisting of 
several emitting orifices to obtain a directional 
signal. Application of the reciprocal principle to 
microphones was delayed apparently until prog- 
ress in the radio field in the development of 
directional antennae prompted several people to 
consider the analogous acoustical problem. 
However, the proper use of tubes for this 
purpose has puzzled many, for the tube reso- 
nances introduce a complication which dis- 
couraged most experimenters. It was not until 
one of the authors proposed and developed the 
acoustic impedance element? that it was possible 
to arrive at a solution of the problem. 

The impedance element, consisting of a large 
number of tubes of varying length, was devised 
to provide the proper termination for long tubes 





Fic, 1. Tubular directional microphone. 


in a successful effort to check experimentally the 
Helmholtz-Kirchhoff theory for transmission of 
sound waves in tubes. That the same element 
serves as a directional device was quickly 
recognized and the first directional microphone 


1Lord Rayleigh Theory of Sound (Macmillan and Co., 
1896) second edition, Vol. II, p. 117. 

2 W. P. Mason, ‘‘Propagation Characteristics of Sound 
Tubes and Acoustical Filters,’’ Phys. Rev. 31, 283-295 
(1928), also U. S. Patent 1,795,874 issued Mar. 10, 1931. 
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using the interference principle was constructed 
4 number of years ago. A commercial form of 
this microphone was introduced by the Western 
Electric Company in 1937 in the form of an 
acoustic impedance element designed for easy 
attachment to the Western Electric 618A or 
630A moving coil pressure type microphones. 


THEORY OF OPERATION 


A mathematical analysis of the impedance of a 
bundle of tubes of varying length is given in the 
paper already cited.? This shows that the im- 
pedance 2/S of this bundle at the end where 
the tubes are terminated in the same plane may 
be expressed by the equation: 


S S; 1—e~2"dsa 
Mant 2Ke ti — —) 
Z ds oo 


1— (g~taea)2 
+2KNe-#02)x( =a) on 








tf. (e—24ea)2 
1— (g—22dea)p 
+2Kr(e-te2)r( : )+} 
1— (qe 2)» 


where 


Z=acoustic impedance (per sq. cm) of » tubes in 
parallel. 

Z.=impedance of an infinitely long tube of the same 
diameter as the tubes in the bundle, i.e., the charac- 
teristic impedance. (Approx. 41 ohms/sq. cm.) 

S:=area of a single tube (0.61 sq. cm); S=S}. 

K =volume velocity reflection factor (Zz, —Za)/(Zr+Za) 
where Zzg= terminating impedance of the individual 
tubes. 

a= (a+b) = propagation constant of a single tube. 

L=length of the shortest tube (3 cm). 

ds=amount by which tube lengths are successively 
increased (3 cm). 

n=number of tubes (50). 

p=1, 2, 3, 4, «+. 


The figures in parenthesis are the values for the 
particular impedance element under considera- 
tion. 

When the element is close coupled to a micro- 
phone this impedance Z/S may be considered 
the radiation impedance at the face of the 
microphone. The significance of this value is 
threefold. (1) When Z approaches a constant 
value it is an indication that the individual 
resonances of the tubes are averaged out, so that 
the response of the microphone will not be 
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distorted. (2) It indicates the amount of reflec- 
tion that will occur at the microphone diaphragm. 
When Z approaches the impedance of air nearly 
total reflection probably occurs. (3) The calcu- 
lation of the directivity of the element depends 
on the assumption that Z is equal to the char- 
acteristic impedance of the tubes. 

Z will approach a constant value which is 
equal to Z, when the summation of the terms 
beyond n is small compared with n. The series 
will converge rapidly when K or e~*#” are small 
quantities. K is not accurately known but is 
somewhat less than 1 because of radiation at the 
ends of the tubes. e~?*4 has a maximum absolute 
value of 1 and becomes small when the product 
aL is large. For this case L is only 3 cm, and the 
tube radius r=0.45 cm so that the attenuation 
constant a=(1.2X10-w')/r=2.6X10—w!. The 
absolute value of 


e-2aL — g—2aL — p(—1-6x10~4u}) 


which does not become small until large values 
of w are reached. It is evident then that the 
series converges slowly at the lower frequencies so 
that the vector summation will be cumbersome. 

However, some idea of the value of Z at 
lower frequencies can be obtained by considering 


the quantity 
1— e72ndsa 
( 1 —¢~ dea ) 
If viscosity be neglected, then the attenuation 
constant @ is very small and the propagation 
constant @ reduces to a=ib=iw/c where c=ve- 


locity of sound. The quantity under considera- 
tion then reduces to 


1 — e—2ndsiw/e 1—e—i2n¥ 
( 1 —e—2dsiwle ) i 1—e-i2v 
wds nf 2r 


yy =— =—ds = —ds. 
Cc c an 


where 


It can easily be shown that the absolute value 
of this is sin my/siny, an expression easily 
analyzed by inspection. At very low frequen- 
cies ¥ is small so that sin nmy/siny=n, but 
for values of nmy=qza where g is an integer 
1,2,--- n—1. sin ny/sin Y=0. Also in the region 
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Fic. 2. Method for calculating directivity of the tubular 
microphone. 


where y—(7/2); sin ny/sin y oscillates in value 
between 0 and 1. Likewise the higher order terms 
contain the similar expression sin npy/sinpy 
which behaves in the same way for values of py. 
The expression repeats the value n for py=qr. 

In the present case sin ny/siny=0 at 114 
cycles and multiples of this frequency. We can 
reasonably assume that the series reduces to the 
value n for these frequencies, and Z=Z,. For 
frequencies less than 114 cycles Z—0, ‘and for 
higher frequencies Z oscillates between Z, and 
some lower value which approaches Z, as the 
attenuation constant a which is proportional to 
w* causes the series to converge more rapidly. 

The selectivity of the directive device is 
calculated by calculating the phases of the 
pressure waves in a common termination which 
is assumed to be the characteristic impedance 
of the tubes in order that no account has to be 
taken of reflections. If, however, the termina- 
tion is a high impedance—such as introduced in 
this case by the microphone diaphragm—the 
calculation still holds provided the impedance 
looking back into the series of tubes is a pure 
resistance nearly equal to the characteristic 
impedance of the tubes, for the magnitude of the 
pressure of the incoming wave will be doubled 
and the phase unchanged by reflection from the 
high impedance diaphragm. Consequently, the 
calculations based on a resistance termination 
will also be applicable for the microphone termi- 
nation when Z=Z,_. Under these circumstances, 
the following simple theory accounts for the 
directional property of the impedance element. 

Consider a plane wave incident at angle @ with 
the axis of the tubes, which generates at a given 
instant a pressure dp) at the mouth of the 
longest tube as shown on Fig. 2. Neglecting 
viscosity, the pressure at the other end of this 
tube will be dpoe—**'/*. The pressure generated 
at the beginning of the next tube is 


dpoeivdxle = dpyeiet cos @ 
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and this is transmitted down the tube of length 
(J—ds) so that the pressure at the termination js 


= d poe (ivieds cos 8e— (iw/e) (I—ds) 
= d poe t#"!<e—iwleds(cos 0-1) 


Then the sum of all the pressures at the term). 
nation is 


P=dpoe-#!le-4-d poe-ie!!e-ialeds (cos 6—1) 
—iwl/ep—(iw/c)2ds(cos @—1) cod 
+d poe e + 
-d pgs tle (Sele) (o—1) ds (eos ~t}. (1) 


But this is a geometric series whose sum 





1 — e— (iwnds/c) (cos 6—1) 
P = dpe] ( ) 


1 — e~ (iwds/c) (cos 0—1) 
For normally incident sound @=0 and 
Py=ndpoe~**"'" (sum of Eq. (1)). 


Hence at the termination of the element, the 
ratio 


pressure for sound of angular incidence @ 





. . ’ 
pressure for sound of normal incidence 
P» 171 —e—(iends/c) (cos 6-1) 17 1—e-i2"¢ 
eS a. re pe i 
Py | 1 — e— (iwds/c) (cos = | ——I ( 
where 


= (wds/2c)(cos 6—1) =(2/d)ds (cos 6-1). 





For our purposes it is only necessary to consider 
the absolute value of this ratio which can be 
shown to be: 


Po ifsinne 
. so ‘ 
Py ntsing 

Note that when @=180°, g=-—2zds/k=—-y 


and sin ng/sin g=sin ny/sin y which is the ex- 
pression considered earlier in discussing the 
value of the impedance Z of the element. 

The ratio of P»/P y for n=50 has been plotted 
in db against ¢ in Fig. 3, and some of the corre- 
sponding angles and frequencies are shown for 
ds =3 cm. The function is recurrent at g=7 and 
the frequency at which this occurs, when 6= 180°, 
is such that \/2=ds. The first minimum occurs 
at nmg=7 and the corresponding frequency we 
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shall call the “cut-off.” For @=180° the cut-off 
frequency fe is such that \,/2=nds=difference 
in length between the longest and shortest 
tube. Other minimums occur at multiples of fe 
and the recurrent frequency is mf.. Also we may 
observe that in the region of nf./2 the peak 
values of Pe/P n are approximately 1/n. 


DESIGN OF THE TUBULAR DIRECTIONAL 
MICROPHONE 


From the results of the theory given above 
design dimensions can easily be determined. 
For the microphone described in this paper, the 
length of about 5 ft. (150 cm) was selected as the 
longest which could be conveniently handled by 
one person and maneuvered through halls and 
doorways. The increment of length was chosen 
at 3 cm which allows for any one angle only one 
recurrent maximum* within the range of the 
instrument and these occur at such high fre- 
quencies as to pass unnoticed, usually, by the ear. 
In order to secure the maximum directional 
effect, the difference in length between the 
shortest and longest tubes was made nearly 
that of the total length. This set the number of 
tubes at 50 which gives the smallest peak value 
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Fic. 3. Theoretical directivity of the tubular microphone. 


*This maximum is entirely similar to the first-order 
maximum in the spectrum from a diffraction grating. 
In fact this tubular microphone, if correctly designed, 
might be used as a frequency analyzer for a continuous 
plane wave; for by turning it at various angles to the wave, 
the diffraction maximum will occur at different frequencies. 
Conversely by attaching a loudspeaker to the device the 
frequencies impressed on the loudspeaker can be made to 
appear at different angles in a manner similar to the sound 
diffraction grating suggested by several authors. 
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Fic. 4. Method of coupling the Western Electric 618A 
pressure-type microphone to the termination of the im- 
pedance element. 


of P»/P y=1/50, or —34 db. The 3-inch diameter 
tube selected does not introduce enough vis- 
cosity to be serious and yet permits a bundle 
only 3} inches in diameter which is comparable 
with that of the microphone employed. The use 
of thin wall aluminum alloy tubes secures a 
weight for the device of only three pounds, which 
is but little more than the 23 lb. weight of the at- 
tached Western Electric 618A-type microphone. 

The termination of the impedance element and 
the method of coupling to the microphone are 
shown in Fig. 4. The coupling chamber between 
the tubes and the microphone diaphragm permits 
the proper composition of pressures resulting at 
the ends of the individual tubes. A tapered 
coupling chamber is of no advantage and only 
superimposes its own impedance characteristic. 
However, if the individual tubes were tapered 
at the ends so that the area of the termination of 
the element would be equal to the area of the 
microphone diaphragm enough transforming ac- 
tion might be secured to raise the efficiency of 
the combination. Such a design presents a 
difficult mechanical problem and so far has not 
been attempted. 


METHOD OF MEASUREMENT 


From the above analysis of the directional 
effect it is evident that successful measurement 
of the tubular directional microphone requires, 
(1) a sound field that is as nearly plane as pos- 
sible, with reflections down 30 db at least. 
(2) An automatic response measuring system 
capable of recording the extreme variations in 
response predicted by the theory. The logical 
location to secure (1) would be outdoors, but 
in this case time and equipment were not avail- 
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Fic. 5. Normal incidence field response of the tubular 
directional microphone, compared with the field and 
pressure responses of the associated Western Electric 618A 
pressure type microphone. 


able so that the measurements had to be made 
indoors. The length of the instrument, 5 ft., is 
so large compared with ordinary microphones 
that the usual plane wave sound field approxi- 
mations were not valid. No acoustically treated 
room was available which was large enough to 
handle the problem below 300 cycles, either with 
respect to the plane wave or the reflected wave 
requirement. 

For low frequencies, therefore, a 10-inch 
diameter plane wave transmission tube, termi- 
nated in an acoustic resistance, was employed 
but this permitted measurements at 0° and 180° 
only. Thus it was possible to determine the 
effect of adding the impedance element to the 
microphone for sound of normal incidence and 
to check the directional theory for one angle. 
These measurements below 500 cycles were made 
by Mr. S. D. White. A high speed automatic 
level recorder was used in obtaining the response 
data. 

For frequencies above 300 cycles the measure- 
ments were made in a highly damped room, 
floor 20X14 feet and ceiling 7} feet. The char- 
acteristics of this room have been described by 
Mr. E. H. Bedell,* and are about the best that 
have so far been obtained for a room of this size. 
Since the microphone sweeps through an area 
5 feet in diameter when it is rotated 180° in a 
plane containing the axis of the tubes it is 
necessary that the variation in sound pressure 
within this circle be known, and as small as 
possible, if good agreement with the theory is to 
be obtained. With the optimum position of 
sound source and microphone within the room 


4 “Some Data on a Room Designed for Free Field Meas- 
urements,”’ J. Acous. Soc. 9, 118-125 (1936). 
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the variation within the circle was approximately 
5 db at all frequencies. This variation was 
caused both by the spherical nature of the sound 
field and the standing waves in the room. The 
measurements in this room were made with an 
excellent loudspeaker automatic response re. 
cording system perfected by Mr. H. F. Hopkins; 


RESPONSE CHARACTERISTICS 


In analyzing the following experimental re. 
sults and comparing them with the theoretical 
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Fic. 6. Typical measurements made with automatic 
recorder and method of averaging the results. 


predictions we must remember: (1) that in the 
derivation of the directional property we neg- 
lected the tube resonances; (2) conditions of 
measurement were such that a 2 to 1 variation 
in pressure existed along the impedance element; 
and (3) that absorption characteristics of the 
room do not guarantee for all frequencies better 
than a 20 db discrimination against reflections. 
The normal incidence field response of the 
tubular directional microphone is shown on 
Fig. 5 which also gives the field and pressure’ 
calibrations of the 618A type microphone with- 
out the impedance element attached. The inter- 
pretation of this result is not very simple. The 
general increase in response of around 5 db with 
respect to the pressure response of the 618A 
type microphone might indicate that reflection 
occurs at the diaphragm over a considerable 
frequency range. The gradual decrease of the 
effect is attributable to viscosity since the at- 


> Bell Tel. Lab. Rec. March, 1937. 

° Pressure calibration determined by the method de- 
scribed by W. C. Jones and L. W. Giles in ‘“‘A Moving C oil 
Microphone for High Quality Sound Reproduction, J. 
Soc. Mot. Pict. Eng. 17, 988 (1931). 
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tenuation constant increases with the square root 
of w. The low-end is characterized by resonances 
which correspond to the open-ended resonances 
of the longest tube, but which are not as serious 
as might be expected. As the resonances of the 
shorter tubes begin to occur the net effect be- 
comes less until at 1000 cycles the response is 
perfectly smooth. It may be reasonable to 
conclude that at about 100 cycles the specific 
impedance of the tubular element does begin to 
approach a constant value comparable to the 
characteristic impedance of a single tube. 
In general, above 100 cycles the response of the 
tubular microphone is better balanced with 
respect to high and low frequencies than the field 
response of the 618A microphone alone. 

The proper evaluation of the data obtained 
for sound of angular incidence presents a prob- 
lem. The data are characterized by minima 
which correspond to those predicted by the 
theory, but in the angular response curves 
other oscillations occur. However, the latter 
largely correspond in frequency to smaller oscil- 
lations in the normal incidence response and are 
probably manifestations of room reflections. 
Fig. 6 is representative of the actual recordings 
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Fic. 7. Effect of diffraction on the response for sound of 
30° incidence. 


made with the automatic loudspeaker response 
measuring system, and the heavy line illustrates 
the method used in obtaining the representative 
response curves. 

Diffraction has so far been neglected in the 
discussion, and while it is a second-order effect 
in this case it accounts for the fact that the 
angular response is a function of the orientation 
of the impedance element with respect to its 
own axis. As might be expected there is very 
little effect for sound incident normally and at 
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180°, but at other angles some of the shorter 
tubes are shielded from the source by the longer 
ones. Consequently, in obtaining the directional 
effect measurements were made for 4 orienta- 
tions 90° apart for each angle of sound incidence. 
Fig. 7 shows a typical variation which is ascribed 
to diffraction. 

Complete analysis of all the data taken in the 
original form is slow, so for convenience a birds- 
eye-view has been prepared in the form of 
representative curves. It is felt that these curves 
give a fair enough picture of the performance of 
the tubular microphone, to permit a qualitative 
evaluation. Although measurements below 300 
cycles were made only for normal and 180° 
incident sound, these data together with the 
theoretical results were used to determine the 
probable response below 300 cycles for other 
angles of sound incidence. The representative 
response curves are composite averages of many 
experiments. 

Figure 8 shows the representative responses for 
sound of 30°, 60°, 90°, 180° incidence. Minima 
occur at frequencies corresponding to those 
predicted by the theory, but in most cases are 
not of the same magnitude. Especially interesting 
is the recurrent maximum which appears in the 
curve for 180° and checks the theory exactly. 
The 30° response falls off before the first mini- 
mum in good agreement with the theory while 
the 180° response does not. Failure of the latter 
to correspond is attributable to the resonance 
around 100 cycles which is evident from the 
normal incidence response. 

There are still two other methods of evaluating 
the performance of this tubular microphone and 
comparing it with other directional types: (1) 
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Fic. 8. Representative responses of the tubular microphone 
for four angles of incidence. 
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i ____ PLOT oF 20 106 FoR phone will have the same efficiency for both 
FREQUENCY OF 1000 CYCLES conditions and its index is 1. Directional micro. 
2 “10 “ Peinesegnss - phones have an index less than one and its 
3 is nieces value may vary with frequency. Thus the 
ows ee at. 3 ae Fs smaller the index, the greater the directivity, 

eo Mm Gigi, ae The subcommittee on Fundamental Sound 
Te Measurements’ has defined this index as follows: 
‘ale Lit tt YT iy Ti it : ) 

0 30 60 Pi. RE 120 150 180 Efficiency (Random) 

“Directivity Index =— — 

Fic. 9. Method of determining f(@) for calculating the Efficiency (Normal) 

directivity index. 
1 4x 
determination of the directivity index, (2) -—| f?(Q)dQ, (5) 
0 


listening tests. 


where the quantity f(Q) is the ratio of the voltage 


DirEctivity INDEX output for incidence at angle Q to that for normal 


Since the different types of directional micro- incidence.’"* 
phones vary considerably in their characteristics, If, as in this case, the directional effect is 
it has been found desirable to standardize an SY™metrical with respect to one axis the index 
index which conveys the degree of directivity. ™4#Y be expressed in terms of the plane angle ¢ 
For this purpose a sound field is assumed com- thus: 
posed of an infinite number of plane sound waves ” 
of the same frequency and intensity but of Directivity Index=3 [ f2(0) sin 6d0 
varying direction and independent phases, 0 
namely, a ‘‘random” sound field. The advantage 
of this random condition is that it can be treated 
analytically. If we know the response of the 
microphone for every direction of sound incidence 
poigotea determine 04 efficiency for the random 7 Report of the Subcommittee on Fundamental Sound 
field. The ratio of this efficiency to the efficiency Measurements entitled ‘‘The Calibration of Microphones,” 
for sound or normal incidence is taken as the J- Acous. Soc. Am. 9, 301 (1936). 


; ; : 7, , 3 * The derivations of these formulae are given in Ap- 
index. For instance, a nondirectional micro- _ pendix A. 


where f(@) is the ratio of the voltage output for 
incidence at angle @ to that for normal incidence. 
For the tubular microphone, f(@) is given by 


TABLE I. Comparative table of directional microphones. 
























































DIRECTIVITY INDEX 
TYPE SIZE PRINCIPLE OF OPERATION 
200° | 500° | 1000° | 2000° | 4000° | 80007 
Tubular uni-directional 33” Dia. 5’ Long | Phase intererence RBs 1* ES. = Pi a a 
5 Ibs. 3.4 8 12 25 25 39 
Parabolic uni-directional 3’ Dia. 1’ Deep | Concentration at focus i? 2 ES be 
25 Ibs. 4 20 47 125 
Velocity bi-directional 3” X2” X6” 3 Ibs. | Response proportional to pressure gradi- e: 1t Bd it ie if 
ent a cos 6 3 3 3 3 3 
Combination velocity pressure | 3}’” Dia. 6’’ Long | Phase interference of the electrical out- it s 1f it it if 
uni-directional 4 lbs. puts of the velocity and pressure ele- 3 3 3 3 3 
ments 
Diffractive 618A moving coil 3” Dia. 24 Ibs. Variation of diffraction effect with angle ‘ . 1? 1 > Fes 1* 
of incidence of sound wave 1 1 15 23 3.5 6 














* Values derived from experimental data taken indoors. 
+ Values estimated from data taken on a 1-ft. size outdoors. 
¢ Theoretical values. 
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Eq. (4) derived in the theory of operation 
1 sin n[(2x/d)ds(cos @—1) ] 
~n sin [ (r/d)ds(cos @—1) ] 





f(9) 


The plot of this function for the frequency 1000 
cycles is shown on Fig. 9, but as we have already 
seen, the practical results do not justify our 
determining the directivity index on the basis 
of this function. Consequently the actual 
measured values have been indicated and a 
probable curve drawn as a basis for determining 
the practical index. (See Fig. 9.) The integration 
was then performed graphically. The indices for 
other frequencies were determined in a similar 
manner. 

Table I compares the tubular directional 
microphone with other types. The directivity 
index for the 3-ft. diameter parabolic type has 
been estimated from the results obtained from a 
12-inch parabolic reflector measured outdoors.*® 


LISTENING TESTS 


As might be expected from the response data, 
for sound of normal incidence, the impedance 
element does not seriously impair the quality 
of the microphone to which it is attached. 
Experience has shown that the irregularity in 
the low end response below 500 cycles cannot be 
detected for speech, and that it takes a critical 
ear to notice it on music. In this particular case, 
the balance between low and high frequencies 
seemed to some observers to be more pleasing 
than that of the 618A type microphone alone. 
For sound of angular incidence little change in 
quality can be noticed for angles up to 10°, 
but then as the angle is increased the loss of high 
frequencies is very marked. In fact the impres- 
sion is that of a low pass filter inserted in the 
circuit with the cut-off frequencies corresponding 
to those shown on Fig. 3. After this cut-off 
frequency, higher frequencies are suppressed by 
an average of 20 db, so that the nature of the 
response in this region is of little importance, 
yet when this region was amplified up as an 
experiment several people commented that 
speech did not sound as bad as might be expected. 


*From the results of unpublished work by Mr.’R. K. 


Bonell of the Bell Telephone Laboratories. 


TUBULAR DIRECTIONAL MICROPHONE 


10 
Pitt 





Fic. 10. From this position on the 6th floor roof of the 
Empire State building overlooking 5th Avenue, a tubular 
directional microphone helped broadcast the 1937 American 
Legion parade in New York City. 


Outdoor tests on the roof of the Laboratories 
building brought out the full directive effect 
with many interesting results. For speech, the 
talker faded out at 60° on larger angles. It was 
estimated that the reception in this region was 
down about 25 db. One effective demonstration 
was obtained by placing six people in a circle, 
60° apart around the microphone and asking 
all to talk at the same time. The tubular direc- 
tional microphone successfully eliminated all 
but the person towards whom it was pointed. 
Another marked result observed on the roof 
was the large reduction of city noise compared 
with that picked up by a nondirectional micro- 
phone. Startling fade-outs were secured of boat 
whistles, riveting, footsteps, and echoes, or 
conversely these sounds could be picked up very 
clearly. 

One successful field trial of the tubular micro- 
phone was made in connection with the broad- 
casting of some of the events sponsored by the 
American Legion during its National Convention 
held in New York City in 1937. An unusually 
good pick-up of the Drum and Bugle Corps 
contest was obtained by aiming the microphone 
from the center of the field as the band paraded 
back and forth. In this manner crowd noise 
and some, particularly band echoes from the 
grand stand, were eliminated. The quality of the 
broadcast was excellent and no equilization was 
required. Fig. 10 pictures the location of the 
microphone on the sixth floor of the Empire 
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State building, overlooking Fifth Avenue. At the 
time of the big parade, there were three bands 
within range all playing different music. With 
the tubular microphone it was possible to pick 
up clearly any one of the three. 

For indoor use the technique involved is not 
so simple and is a function of the reverberation 
characteristics of the particular room, audi- 
torium, or theatre. This is because of the varia- 
tion in directivity with angle. Reflected and 
direct sounds are received with the result that 
under certain conditions, the low frequencies will 
be accentuated because of the filtering action of 
the impedance element for sound of angular 
incidence. Under these circumstances some equal- 
ization is necessary. Nevertheless in many 
auditoriums the high frequency reverberation is 
very annoying and the tubular microphone can 
make a tremendous improvement. In one par- 
ticularly bad case, speech was clearly picked up 
from the rear of the auditorium, whereas the 
reverberation noise picked up by a nondirec- 
tional type rendered the speech almost un- 
intelligible. 

For sound reinforcement, the tubular micro- 
phone hung above and in front of the stage or 
platform has been found to give better quality 
by the elimination of high frequency reverbera- 
tion. While feedback conditions are improved 
somewhat, singing still occurs at around 100 
cycles where the device is not very directional. 
In some situations it has been found possible to 
provide an area 6 ft. in diameter directly in front 
of the microphone within which there was little 
variation in either volume or quality, whereas 
feedback conditions with a nondirectional type 
forced the person talking to stay close to the 
microphone. 


CONCLUSIONS 


The tubular directional microphone is prob- 
ably the most highly directional type for its 
size and weight that has so far been developed. 
From 100 to 10,000 cycles the response for sound 
or normal incidence is substantially uniform 
and could be improved below 100 cycles at the 
expense of size or directivity. Experimental 
results prove the performance of the impedance 
element to be in fair agreement with the theo- 
retical assumptions, Still better correlation might 
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be obtained by improving the measuring condj. 
tions, refining the construction of the instry. 
ment, and further experimentation. 

The directional effect is very pronounced by 
does have the drawback that it varies with fre. 
quency. This is not so serious as might be thought 
for perhaps the largest field for the tubular type 
is outdoor work. Under such conditions, direc} 
sound is usually predominant and the quality 
of sounds which it is desired to eliminate jg 
unimportant. On indoor pickup the quality js 
surprisingly good, especially if the microphone 
is not placed too far from the source. In cases of 
excessive low frequency reverberation equaliza- 
tion is necessary to offset the accentuation of 
these frequencies in the resultant pickup. 

From the comparative table it is seen that the 
parabolic reflector has a smaller directivity index 
than the tubular microphone. However, it must 
be remembered that the reflector introduces a 
sharply rising normal incidence response which 
is of the order of 25 db higher at 5000 cycles 
than at 100 cycles. For special cases the con- 
centration of sound at higher frequencies is an 
advantage, but for high quality reproduction 
equalization is necessary. Also, the indexes for 
the tubular microphone have been determined 
very conservatively on the basis of indoor 
measurements whereas those of the parabolic 
type were obtained from outdoor data. The 
theoretical indexes of the impedance element are 
much smaller and under the circumstances it is 
reasonable to conclude that the true values lie 
somewhere between the theoretical and _ those 
given in the comparative table. 

To Mr. L. J. Sivian, for his helpful suggestions 
in carrying out the experimental work, we wish 
to convey our sincere thanks. 


APPENDIX A. 


Derivation of the directivity index formulae 


The concept of sound of random incidence supposes 
that the sound field is composed of an infinite number of 
plane waves of the same frequency and intensity but of 
random directions and phases. Let a directional micro- 
phone be placed in such a field. Then each individual wave 
will cause a voltage to be generated at the microphone 
terminals. The magnitude of this voltage will depend upon 
the sensitivity of the microphone in the direction of this 
incident wave. In order to determine the efficiency of the 
microphone in the random sound field we must first in- 
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Fic. 11. Angles and dimensions used in deriving the formula for the 
directivity index. 


vestigate the resultant voltage caused by the compounding 
of all the individual voltages. 

It can be shown’ that any number of vibrations of the 
type “=a cos (w!—e) with the same period compound into 
another of the same kind u=r cos (w!—6) where 


r=([(Za cos e)?+(Za sin e)* J}, 
tan 6=Za sin e+ cos e. 
Expanding, 
r=(a, COS €:-+d2 COS €2-++ + +n COS €,)? 
+(a; sin e; +42 sin e2++++dp Sin €n)? 
=a;? (cos? €,-+sin? €:)-+a2? (cos? €2+sin? e2) 
+++-a,2 (cos? €,+sin? €,) 
+2a a2 cos €; COS €2+2a)d2 sin €, Sin e2+--- 


m,n 


=(a;?+a2?+++a,2) +2 DY dmndn COS (€m—€n), 


m, n=1 


where the summation sign includes all the cosines of the 
n(n—1)/2 differences of phase. But since these phases are 
random the summation is as likely to be positive as nega- 


*Lord Rayleigh, reference 1, Vol. I, pp. 19, 35-37. 
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tive and thus the average value of r? is (a,?+-a2?+ - - -a,?). 
Lord Rayleigh® emphasizes that care must be exercised in 
interpreting this result for it is not proved that when 
is large there is any tendency for a single combination 
to give this value of r?, but the quite different proposition 
that in a large number of trials, in each of which the phases 
are distributed at random, the average value of r? for all 
the trials will tend more and more to the value (a,;?+a.? 
++++a,?). 

Now let f(&) be the ratio of the voltage output of a 
microphone for sound incidence at angle @ to that for 
normal incidence. Here, Q2 represents the direction of sound 
incidence only, while dQ is an elementary solid angle about 
the direction 2 as shown on Fig. 11. Then the expected 
average value of the voltage resulting from the random 


4 
sound field trials will be proportional to (f. “p(ayda) P The 
efficiency of the microphone for sound of random inci- 
dence is proportional to the square of this average voltage, 
4 
namely, ft f?(2)dQ. On the same basis the efficiency for 
sound of normal incidence is proportional to this quantity 
when f(Q2) =1 and the value of the integral becomes equal 
to 4x. Hence, by definition,’ 
Directivity Index 
efficiency for sound of random incidence 
~ efficiency for sound of normal incidence 


1 4e 
= pis Pa) dQ. 


If the directivity of the microphone is a function of the 
plane angle 6, f(2) =f(@), and we may express this result in 
a different form. Let dQ be the elemental solid angle ob- 
tained by revolving dé@ about the axis AA’. Let dA be the 
elemental spherical area defining dQ. Then dQ2=dA/r* 
=2rbds/r? but b=r sin 0, ds=rdé. Hence dQ=2r sin dé. 
The (random) efficiency is thus proportional to 


Qe J (0) sin 0d0 
and the (normal) efficiency is proportional to 
2m J sin od0=4n. 
Therefore the 


Directivity Index 
(Random) efficiency > 


—1 (7 (9) sin od@, 
(Normal) efficiency iJ, f°(8) sin 
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Investigation of Room Acoustics by Steady-State Transmission Measurements, |. 


FREDERICK V. HUNT 
Cruft Laboratory, Harvard University, Cambridge, Massachusetts 


It should be possible to deduce the necessary acoustical 
information concerning the bounding surfaces of a room 
from steady-state measurements of the transmission 
between a source and a receiver appropriately placed in 
the room. This problem is being studied by using a small 
model chamber yielding discrete normal frequencies in the 
range from 200 to 1500 cycles. A small high impedance 
sound source having substantially constant output over 
this frequency range was developed and comprises a 
multiple capillary formed by packing a brass tube with 
parallel round wires, the sound from a dynamic receiver 


INTRODUCTION 


BOUT three years ago E. C. Wente! re- 

ported to the Acoustical Society of America 
some experiments in which a high speed level 
recorder was used to delineate the transmission, 
as a function of frequency, between a source and 
a receiver located in a sound chamber. If such a 
transmission curve is traced with a slowly vary- 
ing frequency, the curve is extremely irregular, 
as everyone who has attempted to make loud- 
speaker response measurements indoors will 
agree. However, when an arbitrary measure of 
the irregularity of the transmission curve was 
plotted against the total sound absorption of the 
room in which the source and receiver were 
located, a smooth curve was obtained. Whether 
or not this result is surprising depends upon the 
soundness of one’s intuition in these matters, 
but the hope immediately arises that, if a 
quantitative basis for such a curve can be found, 
the experimental technique may provide a means 
of investigating room acoustics that has many 
advantages over the transient or reverberation 
method. Virtually all of our acoustical experi- 
ences in enclosed spaces do involve the trans- 
mission of sound between a source and a receiver, 
so that making measurements upon a similar 
path would appear to be the most direct ap- 
proach for investigation of the effect of the 
enclosure upon the transmission. If one objects 
that in common usage the frequency and power 
of the sound source vary so rapidly that trans- 
mission is seldom in the steady state, it may be 


1E. C. Wente, J. Acous. Soc. Am. 1, 123 (1935). 


passing down the canals between the wires. Analysis and 
experiment indicate that the total absorption in the 
chamber for a given mode of vibration can be measured 
by observing the width of the resonance curve at the half. 
intensity height. By selection of different modes of vibra. 
tion, absorption coefficients are obtained as a function of 
both frequency and angle of incidence, the latter including 
grazing incidence. The decay rates predicted by these 
measurements have been checked experimentally. Methods 
are discussed for the extension of these results to large 
scale rooms by an appropriate statistical analysis. 


pointed out that, as in electrical networks, a 
specification of the terminal impedances and the 
attenuation and phase constants of the system 
is sufficient to determine completely both the 
steady-state and transient characteristics of the 
transmitting path. If, therefore, these or equiva- 
lent constants of the acoustical system can be 
determined by steady-state measurements, an 
appropriate analysis could be expected to yield 
all of the facts about the performance of the 
transmission path which may be pertinent. 


THE GENERAL PROBLEM 


Before proceeding with a description of our 
preliminary experiments it may be worth while 
to present some observations on the general 
problem of architectural acoustics. Various 
writers, including Schuster and Waetzmann? 
Knudsen,? Meyer,* P. E. Sabine,> and Morse,' 
have suggested that sound waves in an enclosed 
space can best be analyzed by considering them 
as composed of the characteristic normal modes 
of vibration of the enclosure. This approach to 
the problem is similar to the Fourier series 
treatment of the vibrating string, and shares the 
usual gain in power afforded by the use of 
generalized coordinates in mechanical problems. 


The normal frequencies for undamped vibrations 


2 K. Schuster and E. Waetzmann, Ann. d. Physik (5), 1, 
671 (1929). 

3V. O. Knudsen, J. Acous. Soc. Am. 4, 20 (1932); also 
Architectural Acoustics (Wiley), p. 121. 

4E. Meyer, J. Acous. Soc. Am. 8, 155 (1937). 

5 P, E. Sabine, J. Acous. Soc. Am. 10, 1 (1938). 

6P. M. Morse, Vibration and Sound (McGraw-Hill), 
Chapter VIII. 
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in a rectangular enclosure were given by Ray- 
leigh’ as early as 1878, and similar problems 
involving normalized frequencies in three-di- 
mensional wave propagation have arisen else- 
where in theoretical physics, notably in Debye’s 
theory of the specific heat of solids and in the 
Rayleigh-Jeans treatment of the black-body 
radiation problem. However, it was only with 
the appearance of Morse’s ‘‘Chapter VIII” that 
an analysis of this type has been available in a 
form which is applicable to the delineation of 
acoustical pressure and energy relations in 
rectangular enclosures having significant acous- 
tical damping. Unfortunately the physical size 
of the enclosures in which we are commonly 
interested and the responsive frequency range of 
our human sound generating and receiving 
equipment combine to focus our attention upon 
a range of values for which approximations in 
the mathematical theory are especially awkward. 
The frequency is neither so low that we can 
confine attention to individual modes of vibra- 
tion, nor yet so high that the asymptotic high 
frequency solution is justified. The latter ap- 
proximation can in fact be shown® to lead to the 
classical or ‘‘kinetic-theory”’ form of the rever- 
beration equations. The inadequacy of this 
approximation is perhaps nowhere better ex- 
emplified than in the failure of the theory to 
yield unique values of acoustical absorption for 
a given material in different experimental 
circumstances. We must then, forsake this 
asymptotic solution, however reluctantly, as 
being too simple to display the effect of sig- 
nificant alterations in the boundary conditions, 
such as changing the placement of the absorbing 
material. For our present purpose we may sum- 
marize the results of the mathematical analysis 
cited in terms of the following physical concepts. 
The state of aerial vibration within a three- 
dimensional enclosure, either in the steady- 
state or transient condition, is to be regarded as 
the summation of the effects of at least several 
and perhaps a great many normal modes of 
vibration. Each mode of vibration will have 
either the impressed or its own frequency (corre- 
sponding to steady-state or transient conditions, 


™ Rayleigh, Theory of Sound II (Macmillan), §267. 
*M. J. O. Strutt, Zeits. f. ang. Math. Mech. 10, 360 
(1930). Also P. M. Morse, reference 6. 
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respectively) ; each mode of vibration will have 
its own direction of propagation ; and each mode 
of vibration will be affected by all of the boun- 
dary conditions. 

Stated more explicitly, the decay of sound in a 
reverberation chamber is to be regarded as the 
summation of the individual decays of each of 
the normal modes of vibration originally ex- 
cited. To analyze such a problem one needs to 
know how many modes of vibration are excited, 
the amplitude to which each is excited, and the 
individual rate of decay associated with each 
mode of vibration. For the corresponding steady- 
state condition, the pressure amplitude at the 
sound receiver is to be treated as the summation 
of the contributions arising from all of the modes 
of vibration which are excited, considering the 
location of the source and the impressed fre- 
quency. The same physical factor which controls 
the transient decay rate for a given mode of 
vibration, namely the acoustical absorption, also 
controls the amount by which the response curve 
for that mode of vibration is “spread” on the 
frequency scale. This common influence of the 
absorbing material encourages the belief that 
steady-state measurements may yield as much 
acoustical information concerning the boundary 
conditions as has previously been sought through 
the study of reverberation. 

Inasmuch as every steady-state response will 
usually involve a great many modes of vibration, 
it is probable that the summation of the effects 
of these various modes must be made statistic- 
ally. Recent work by Bolt® and Maa" upon the 
number and distribution of the normal fre- 
quencies of a rectangular enclosure is in point. 
However, if one is to weight intelligently the 
effect of absorbing material upon either the 
steady-state or the transient response, it is 
probable that it will be necessary to subdivide 
further the excited modes of vibration into a 
statistical grouping in terms of the angle of 
incidence upon the various walls. We may 
illustrate these remarks by a hypothetical ex- 

®R. H. Bolt, ‘Frequency Distribution of Eigentones 
in a Three-Dimensional Continuum,’’ Cambridge, Massa- 
chusetts meeting of the Acoustical Society of America, 
November 19, 1938; p. 228 in this issue. 

10D, Y. Maa, ‘Distribution of Eigentones in a Rec- 
tangular Chamber for the Lower Frequency Ranges,” 


Cambridge, Massachusetts meeting of the Acoustical 
Society of America, November 19, 1938; p. 235 in this issue. 








ample. Suppose that a reverberation chamber has 
highly reflecting walls except for an absorbent 
sample placed upon the floor. For a pure ex- 
citing tone of frequency f cycles we will find that 
N modes of vibration are excited. Of these N 
modes, a certain fraction will involve a direction 
of propagation nearly normal to the sample, 
another fraction will involve propagation in 
directions forming intermediate angles with the 
normal, and the remaining modes of vibration 
will involve directions of propagation at nearly 
grazing incidence on the sample. If the absorp- 
tion coefficient of the material is known as a 
function of angle of incidence, then the degree of 
excitation for each group-in-angle of the modes 
of vibration can be computed and its contribu- 
tion to the total energy density in the room 
estimated. In this example, if the absorbing 
material does not completely cover the wall 
surface in question, a diffraction analysis must 
also be invoked" in considering the variation of 
absorption coefficient with angle of incidence. 
Moreover, if one alters the position of the 
absorbing material, as from the floor to a wall, 
or if the relative dimensions of the chamber are 
changed, one must expect this to be reflected 
not only in a change in the number of modes of 
vibration excited but also in a change in the 
distribution of these modes with respect to their 
angular incidence upon the absorbing sample. 
Without laboring this example further it is 
immediately apparent that an analysis of either 
steady-state or reverberation conditions on such 
a basis as this will inevitably be more compli- 
cated than our conventional theories of the 
behavior of sound in rooms. On the other hand, 
if it is to be satisfactory, the analysis must in- 
volve room geometry in order to explain the 
known variations of acoustical effect with 
placement of the absorbing material. 


A SIMPLIFIED PROBLEM FOR PRELIMINARY 
INVESTIGATION 


The model sound chamber 


Each of the statistical summations referred 
to above has implied an intimate knowledge of 


11 P, M. Morse and Pearl J. Rubenstein, ‘‘Diffraction of 
Sound by Ribbons and by Slits,’’ Cambridge, Massachu- 
setts meeting of the Acoustical Society of America, Novem- 
ber 19, 1938; also, Phys. Rev. 54, 895 (1938). 
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the effect of the boundary conditions upon each 
individual mode of vibration. An investigation 
of this restricted phase of the problem was 
therefore a logical starting point for the present 
work. If a rectangular model chamber is cop. 
structed whose dimensions are variable and of 
the order of magnitude of two feet, it is possible 
to secure a number of discrete and well resolved 
normal frequencies within the range lying be. 
tween 250 and 1500 cycles. This is not only a 
convenient frequency range for experimentation 
but the information to be gained about absorbing 
materials is of interest in other applications, 
One such model chamber has been constructed 
of Transite slabs two inches thick. The edges of 
the slabs are fitted with a cemented rubber gasket 
and the whole chamber is secured by eight ex. 
tended C-clamps. When the sidewalls are over. 
lapped in cyclic order it is possible to alter the 
two plan dimensions of the chamber at will, 
thus obtaining any desired aspect ratio without 
any cutting of material. Some difficulty is oc- 
casionally experienced in connection with reso- 
nant vibrations of the wall panels, especially 
since the resonant frequencies vary with the 
clamping conditions. These wall vibrations have 
the principal effect of introducing anomalies in 
the measured values of absorption coefficient, 
and account for much of the deviation of the 
experimental points from smooth curves. The 
deviations are particularly marked when no 
absorbing sample is in the chamber, but in nearly 
every case the offending wall panel can be 
identified by applying a vibration pickup to each 
of the six panels in turn. 


The sound source 


Inasmuch as frequency is chosen as an inde- 
pendent variable in this investigation it is neces- 
sary that the power output of the sound source 
be either constant or known as a function of 
frequency. A narrow tube offers a convenient 
method of introducing the source at a particular 
point in the chamber without otherwise altering 
significantly the standing wave pattern. Reso- 
nance in the tube must be avoided, however, 
if the output is to remain constant as the fre- 
quency varies. We investigated various forms of 
capillary tubes, the most successful being those 
having a rubber lining. However, when the 
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Fic. 1. Free-field pressure response at two inches from the mouth of the multiple 
capillary source. The current in the voice-coil of the W. E. Type 555-W driving unit was 


maintained at 52 ma. 


internal diameter was small enough to destroy 
the tube resonance the attenuation was unduly 
high. A satisfactory solution of the source prob- 
lem was finally obtained by employing a multiple 
capillary tube. This was made by packing a brass 
tube with straight round wires, the sound from a 
dynamic horn-loudspeaker unit passing down 
the interstitial canals between the wires. If, for 
example, sixty-five to seventy-five No. 18 bare 
copper wires are inserted in a 3”’ tube, no reso- 
nances appear in the tube system whatever its 
length. At the same time the attenuation is not 
excessive (ca. 15-25 db) even for tube lengths up 
to 24 inches. The acoustical impedance looking 
back into the output end of such a wire-filled 
tube is very high, precise measurements being 
difficult but indicating a value of Z/pc of at least 
60. Thus at any particular frequency the end of 
the tube will represent a constant volume- 
velocity source, even for the wide differences in 
air-loading conditions that arise through varia- 


tions in the driving point impedance of the 
sound chamber. The variation of the strength of 
this simple source with frequency depends upon 
the dynamical characteristics of the driving 
speaker unit and the associated coupling cham- 
ber. When using a WE Type 555-W “receiver” 
we have found it advantageous to introduce an 
acoustical inductance in the throat of the unit, 
this element comprising a brass plug drilled with 
five }’’ holes. The free field response of such a 
sound source, fitted with a 3’”’ multiple capillary 
tube sixteen inches long, is shown in Fig. 1. 
With this particular driving unit there is an 
upper cut-off frequency just beyond the range of 
Fig. 1, as well as the lower cut-off frequency 
indicated by the curve. There does not appear 
to be any reason, however, why the multiple 
capillary itself should not be useful over a very 
much wider frequency range when appropriately 
driven. 
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Fic. 2. Typical transmission curves obtained in the model chamber for different 
microphone placements. The dashed curve is the free-field source response (B) taken 
from Fig. 1 and superimposed at an arbitrary level. The current in the voice-coil_of 
the driving unit is the same for each curve. 


Transmission curves in the model chamber 


Two typical curves of the transmission be- 
tween the multiple capillary source and a 
sound-cell type of crystal microphone are shown 
in Fig. 2. These curves were recorded with a 
slowly varying frequency obtained from the 
oscillator of a fully automatic transmission 
measuring set." This equipment comprises a 
recording amplifier, the record chart being 
carried by a drum which is mechanically coupled 
to the variable condenser of a beat frequency 
oscillator. In the records shown, approximately 
sixteen minutes were allowed for the frequency 
traverse. The relatively fewer number of normal 
frequencies observed with a centrally located 
microphone will be immediately apparent, and 
easily understood when it is remembered that 
all of the odd modes of vibration have pressure 

12 Marketed under the trade-name ‘‘Audiograph.’’ We 


have revised the oscillator design to reduce the level of 
distortion and noise. 


nodes at the center of the chamber and hence will 
not be observed by a pressure responsive micro- 
phone. Statistically this results in an eightfold 
decrease in the number of normal frequencies 
observed. We take advantage of this wider 
spacing, in the present experiment, to obtain well- 
resolved modes of vibration for detailed study. 
Conversely, one might conclude that in standard 
reverberation chamber practice a more uniform 
response could be obtained, (i.e., more modes of 
vibration could be excited and observed) if the 
loudspeaker and microphone were located in 
corners of the chamber rather than ‘‘circulated” 
about in the vicinity of the center of the chamber. 

It would be advantageous if all of the workers 
in this field could agree upon the nomenclature 
to be used for designation of individual modes of 
vibration. We have adopted Rayleigh’s con- 
vention of assigning the x axis to the longest 
dimension of the chamber, the y axis to the 
intermediate, and the z axis to the shortest 
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dimension. The three numbers identifying each 
mode of vibration are then the three integers 
n;, my and m., in the following familiar equation 
for the undamped normal frequencies of a 
rectangular enclosure : 


gins? (85\* sm\*F 
CYC CN 
2L\ 1, by l, 
Thus the 1, 0, 0 mode is the gravest mode of 
vibration of the enclosure and corresponds to 
one half-wave standing between the two walls 
perpendicular to the longest dimension of the 
chamber. Alternatively, the three numbers de- 
scribing the mode of vibration may be regarded 
as the three coordinates of the normal frequency 
in frequency space, the units along each axis 
being respectively the x, y and z dimensions of 
the unit cell of frequency space. The normal 
frequencies identified in Figs. 2 and 4 are marked 
in accordance with this convention. 
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In Fig. 3 a comparison is shown between the 
lower curve of Fig. 2 and a corresponding trans- 
mission curve observed in the chamber when a 
sheet of Celotex wallboard one-half-inch thick 
completely covers one of the two walls per- 
pendicular to the intermediate dimension of the 
chamber. The smoothing of this resonance curve 
produced by the introduction of the absorbing 
material is very striking, and is in fact so pro- 
nounced that only a few of the modes of vibra- 
tion remain sufficiently isolated to be useful for 
detailed study. These transmission curves are 
similar to those shown by Wente.! It remains one 
of the principal objectives of this research to 
furnish an adequate quantitative basis for these 
curves, but until the analysis takes a more 
definitive form we must be content to point out 
qualitatively the way in which groups of reso- 
nance peaks are resolved in the undamped curve 
of Fig. 3, but are broadened by the introduction 
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Fic. 3. Comparison of two transmission curves recorded with and without an absorb- 
ing sample in the model chamber. The current in the voice-coil of the driving unit is the 


same for each curve. 
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peaks in the damped transmission curve. 

In Fig. 4 the upper curve of Fig. 2 is shown in 
comparison with the corresponding transmission 
curve obtained with the absorbing material in 
the chamber. In this instance most of the normal 
frequencies remain sufficiently isolated to furnish 
interesting information concerning the effect of 
the absorbing material upon individual modes of 
vibration. For example, the 2, 0, 0, the 0, 0, 2, the 
4, 0, 0 and the 2, 0, 2 modes of vibration, all of 
whose directions of propagation graze the sample, 
show relatively small alterations in peak ampli- 
tude. On the other hand, for the 0, 2, 0 and the 
0, 2,2 modes, which involve waves incident upon 
the sample at angles removed from grazing, the 
effect upon the peak amplitude is relatively 
more profound. It is possible, even without 
previous knowledge of the experimental condi- 
tions, to deduce from a study of these two curves 
that the absorbing material was placed upon a 
wall facing the intermediate dimension of the 
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Fic. 4. Comparison of two transmission curves recorded with and without an 
absorbing sample in the model chamber. The current in the voice-coil of the driving 


of the absorbing sample and merge into broad Wchamber, as in fact it was. We have had reason- 


able success in deducing the absorption coeffi- 
cient of a material from a study of these peak 
amplitudes. The method is fraught with experi- 
mental difficulties, however, chiefly because it is 
difficult to reproduce the original clamping con- 
ditions after opening the chamber for insertion 
or removal of the absorbing material. These 
results will not be presented in detail at the 
present time in view of the more accurate method 
of obtaining absorption coefficient data to be 
presented below. 


The curve width method for determining absorp- 
tion coefficients 


In addition to the effect of the absorbing 
material upon the resonant peak amplitude, it is 
apparent in Fig. 4 that many of the resonance 
curves are markedly broadened and shifted to 
slightly lower frequencies, as in the case of the 
2, 2, 0 mode. It is a common electrical technique 
to employ the width of the resonance curve 
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as a measure of the effective dissipation of a 
resonant circuit. We have sought to apply a 
similar technique in the acoustical case to de- 
termine the acoustical damping of a resonant 
mode of vibration. 5 

The following exact equation for the steady- 
state pressure at any point x, y, 2, in a rectangular 
sound chamber, excited by a point source of 
strength Qo located at xo, yo, 20, is taken from 
Morse’s Chapter VIIT: 


1 
( Ev, Yo. 30) ILWn(x, y, 3) ] 


n 


_ tp ei) . i —" _—_ 
p= Po Qo tek . w?—w,2+k,2 
‘iedinaaiia +i(— eesiabasilbad +) 


w w 





In our particular case the summation sign may 
be removed since we are dealing with an isolated 
single mode of vibration. The necessity of evalu- 
ating the awkward functions in this expression 
can also be avoided if, experimentally, we con- 
fine our attention to pressure ratios. Assuming 
that the strength of our experimental source 
remains constant for small changes in frequency, 
we have, for any positions of the source and 
receiver, 


( | Pos | ) 4wk,,? 
| Pimax | (20 nken)? + (w? — wn? +Rn2)? 





Let us now identify two impressed angular 
frequencies, w’’ and w’, respectively above and 
below the frequency of the resonance peak, 
which give to this squared pressure ratio the 
convenient value 3. Then, with some algebraic 
manipulation, it can be shown that the quantity 
k, is given very simply by the equation 


subject only to the easily satisfied condition that 
the square of the band width be negligible in 
comparison with the square of the frequency of 
the resonant peak. 

The quantity k, which is so evaluated is that 
appearing in the simple formula for the transient 
decay of pressure amplitude, p= Pye~*', and is 
related to the reverberation time for this par- 
ticular mode of vibration by the simple relation 
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T,=6.91/k,. We have, in several instances, com- 
pared the values of k, determined by the band- 
width method with those obtained by con- 
ventional reverberation technique with satis- 
factory agreement. It may, moreover, be reassur- 
ing to those experimentalists who have been 
plagued with nonlogarithmic decay curves to 
remark that in each case in which a single mode 
of vibration was involved the decay curve was 
accurately logarithmic as far as it could be 
traced. 


Reduction of band-width data in terms of absorp- 
tion coefficients 


In using band-width determinations of k,, to 
compute the absorption coefficient of a sample 
completely covering one wall of the sound 
chamber we make use of the following equation : 





n 


|= 6,(ar;+ar2) cos 6,(ayi1+aye) 
+ 


4 L, l, 


cos eee) 


in which @ is defined as usual as the absorbed- 
to-incident sound intensity ratio. This equation 
is similar to one given by Cremer and Cremer," 
and to the equation given by Morse, except 
that his absorption coefficients averaged over 
random angles of incidence are replaced with 
expressions of the form cos 6,(az;+ are). This 
allows the specification of both the angle of 
incidence involved and the fact that the absorp- 
tion coefficient may be different upon the two 
walls perpendicular to the axis in question. By 
making band-width observations to determine 
k,, both with and without the sample in the 
chamber, and assuming that all of the bare 
surfaces have the same absorption coefficient 
(about 0.019 for the Transite slabs), one obtains 
information from which the value of @ for the 
sample may be computed. The subscript n at- 
tached to the decay constant k refers to the 
particular mode of vibration involved and sug- 
gests immediately that this method will form a 
convenient means for determining a as a func- 
tion of both frequency (f) and angle of incidence 


1371, Cremer and L. Cremer, Akustische Zeits. 2, 6 
(1937). 








224 


(6) as appropriate modes of vibration 
selected. 

A single set of dimensions for the model 
chamber usually leads to a small group of 
sufficiently isolated modes of vibration which do 
not include all of the desired combinations of 
incident angle and frequency. However, by 
altering the relative dimensions, we have, with 
five modifications of the chamber size, obtained 
experimental observations distributed in angle 
and frequency as indicated by the black dots 
on the chart of Fig. 5. The five chamber sizes 
were secured by holding two of the dimensions 
constant at 24” and 16’, the third dimension 
being given the successive values 30’’, 27’’, 23”, 
19”’ and 13’. By this procedure the absorbing 
sample could be permanently attached to the 
24” X16” wall with rubber cement, thus avoid- 
ing variations in sample mounting conditions. 

Since the absorption coefficient a is a function 
of two variables, each of which is restricted to 
particular values by the experimental require- 
ment of working at a normal frequency of the 
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Fic. 5. Contour curves for the indicated constant values 
of the absorption coefficient for one-half-inch Celotex 
wallboard. The dots are not intended to lie on the contours, 
but merely identify points at which experimental obser- 
vations were made. The dashed sections are extrapolations 
conforming in shape to theoretical curves. 
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enclosure, it is necessary to employ a process of 
double interpolation in order to obtain smoothed 
curves representing a as a function of either of 
the variables alone. After these smoothed experi. 
mental curves are obtained, one might choose tg 
represent the absorption coefficient as a function 
of both variables by plotting @ vertically upward 
over the 0, f plane. Thus a would define 4 
warped surface which can be completely repre. 
sented in a two-dimensional drawing by pro. 
jecting.onto the 6, f plane a system of contours 
corresponding to constant values of the absorp. 
tion coefficient. Such contours are shown in the 
chart of Fig. 5. 

We may illustrate the manner in which the 
double interpolation is carried out and _ the 
contours are established by following through a 
typical example. In the upper curve of Fig. 6, q 
is plotted as a function of frequency for all of 
the experimental observations associated with 
angles of incidence on the sample lying between 
35 and 45 degrees. An estimated smooth curve is 
then drawn through these experimental observa- 
tions. In a similar manner in Fig. 7, we have 
shown a plotted as a function of @ for all of the 
experimental observations at normal frequencies 
lying between 1200 and 1500 cycles, and a 
smoothed curve could be drawn through these 
points. Now, if these two smoothed experimental 
curves are to be internally consistent, any point 
on one of the curves of Fig. 6 must identify the 
same value of a as that given by a point on the 
family of curves represented in Fig. 7 for corre- 
sponding values of @ and f. If examination shows 
that the point selected for test is not consistent, 
one or both of the smoothed experimental curves 
must be shifted. When this process of internal 
checking has been carried through for all points 
on each curve of the two families represented by 
the examples in Figs. 6 and 7, one may identify 
the mutually consistent smoothed curves by a 
series of crosses marked on the curves. For ex- 
ample, the cross at 1350 cycles, 40°, in Fig. 6, 
marks the same point on the warped surface 
representing a as the upper cross on the 40° 
ordinate of Fig. 7. These crosses then stand for 
smoothed experimental points and may be used 
in the construction of the contours of Fig. 5. 
The contour chart then gives a complete repre- 
sentation of the absorption coefficient for all 
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Fic. 6. Absorption coefficients for one-half-inch Celotex wallboard de- 
duced from band-width observations and plotted as a function of frequency 
with incident angle as parameter. These are two curves of a family covering 


the range of incident angles. 


angles of incidence and all frequencies covered by 
the data. 

For convenience in the preceding discussion the 
curves of Fig. 7 have been referred to as those 
defined by the crosses representing smoothed 
experimental data. These curves were, in fact, 
calculated from the theoretical formula 


Z cos 6—pc\? 
a=1-— G——_) ; 
Z cos 6+ pc 

in which Z is defined as the ratio of pressure to 
normal particle velocity at the surface of the 
sample and is assumed to be real. The value of Z 
is chosen to make the curve pass through one of 
the crosses. Then the agreement between the 
remainder of the crosses and the calculated 
curves is a measure of the validity of the as- 
sumptions underlying the theoretical formula. 
For the Celotex wallboard used in these tests 
the agreement is excellent.“ This means that all 
of the information displayed by Figs. 5 to 7 
(except that relating to grazing incidence; see 
below) may be represented by the equation and 
a plot of the normal impedance as a function of 
‘F. J. Willig has also confirmed this theoretical relation 
for a different material, ‘Comparison of Sound Absorption 


Coefficients,” Cambridge, Massachusetts meeting of the 
Acoustical Society of America, November 19, 1938. 


frequency. Such a curve is shown in Fig. 8, and 
obviously forms a simplified method of repre- 
senting one aspect of the performance of an 
acoustical material. Whether the representation 
of acoustical performance will be most useful 
in terms of impedance or in terms of absorption 
coefficient must ultimately depend on the form 
taken by the statistical analysis of the general 
problem. 

Special attention should be directed to the 
sequence of values for the absorption coefficient 
occurring along the upper margin of Fig. 5, 
corresponding to the absorption for sound waves 
traveling across the material at grazing inci- 
dence. All of the theoretical work so far focused 
upon this problem (including the equations 
written in this paper) has dealt with strictly 
plane wave solutions of the wave equations. 
In terms of this solution there can be no com- 
ponent of particle velocity normal to the ab- 
sorbing material under grazing incidence condi- 
tions and the theory concludes that the absorp- 
tion coefficient must vanish at grazing incidence. 
Experimentally this is not the case. We have 
chosen to define a grazing incidence coefficient 
as the limit approached by the product a, cos 6; 
as 0, approaches 90°. This quantity, a,, is then 
computed as before from the values of k ob- 
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served for modes of vibration involving grazing 
incidence on the sample. While this is a satis- 
factory method of handling the experimental 
data, it is nevertheless obvious that a different 
mathematical analysis is required in order to 
describe the curvature of the otherwise plane 
wave front introduced by its propagation over 
an absorbing sample. Until this mathematical 
analysis becomes available for the problem we 
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may summarize our present observations op 
grazing incidence absorption by the curve of 
Fig. 9. This curve represents a particular profile 
section of the warped surface representing a, 
and includes measurements obtained in the fiye 
model chambers mentioned above. While the 
values of the grazing incidence coefficient are 
smaller than those obtained for smaller angles of 
incidence, it is nevertheless large enough to 
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Fic. 7. Absorption coefficients for one-half-inch Celotex wallboard deduced 
from band-width observations and plotted as a function of incident angle with 
frequency as parameter. These are two curves of a family covering the range of 
frequencies investigated. The crosses represent the smoothed experimental points 
while the solid curves were computed from the formula 


silloa G cos a) 
“, Z cos 6+pc) * 
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Fic. 8. Normal impedance, p/gn, for one-half-inch Celotex wallboard plotted as a 
function of frequency. 


di 


b 


am, ef ep © O42 & 


nm 





ONS op 
Irve of 
Profile 
ting q, 
he five 
ile the 


nt are 
gles of 
ugh to 





ABSORPTION COEFFICIENT 
AT GRAZING INCIDENCE 


INVESTIGATION OF ROOM ACOUSTICS 


Rae 
ery Td | 


.e) 200 400 600 





800 1000 


1200 1400 1600 


FREQUENCY 


Fic. 9. Absorption coefficient for grazing incidence plotted as a 
function of frequency. 


demand serious attention in considering the 
total effect of an absorbing material upon the 
behavior of sound in a room. 


SUMMARY 


When this program was undertaken the work 
cited in footnotes 9, 10, 11, 13 and 14, had not 
appeared, and a complete solution of the full- 
scale acoustical problem seemed remote indeed. 
It now appears that most of the elements which 
must enter into the final statistical analysis of the 
full-scale problem are rapidly becoming available 
so that it is not too optimistic to hope that a 
solution of the general problem may be forth- 
coming soon. The principal results of our pre- 
liminary work have been to establish an orienta- 
tion of the general problem and to explore some 
of the experimental techniques which must be 





involved. In particular, the multiple capillary 
source may have application as a constant 
strength source for full-scale experiments. The 
model chamber technique in general, and the 
band-width method of obtaining damping co- 
efficients in particular, appear to be generally 
applicable to the study of absorption coefficients 
as a function of frequency and angle of incidence. 
They are especially valuable in providing a 
technique for investigating absorption phe- 
nomena at grazing incidence. 
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Frequency Distribution of Eigentones in a Three-Dimensional Continuum* 


RicHARD H. BoLt 
University of California at Los Angeles, California 
(Received August 8, 1938) 


OMPRESSIONAL waves in three dimen- 
sions obey the wave equation: 


V2o—(1/c?)¢=0, (1) 
provided certain well-known conditions are ful- 
filled. A solution for the pressure in a rectangular 
box may be written: 
p=cos (w,x/c) cos (wyy/c) cos (w.z/c)e 7", (2) 
subject to the boundary conditions, for rigid 
walls, that the normal particle velocity at the 
walls must vanish. These conditions lead to dis- 
crete sets of eigen-numbers, w, given by: 


w,=cp,r/L,, etc. where: 
(pz, Py, bz =9, i, 2, 3, ++). 
The integers, », also determine the frequency, v: 
v=(c/2)| (ps/Lz)?+(py/Ly)?+(p:/L.)*|*. (3) 
(In these equations, c is the velocity of sound and 
L,, Ly, L, are the dimensions of the box.) Now 
any set of integers, p, completely determines a 
unique frequency, v, and a set of w’s, and these 
parameters inserted in Eq. (2) yield a particular 
solution of Eq. (1). In other words, the set of p’s 
determines a particular mode of vibration, with 
its characteristic or eigenfrequency, and the 
corresponding solution, Eq. (2), describes the 
distribution of sound pressure in the box when 
the spatial vibration is excited by a pure s.h.m. 
source at exactly the eigenfrequency. 
Mathematically, Eq. (3) is an “‘exact”’ rela- 
tionship, within the specified restrictions (no 
damping, small vibration, etc.). Physically, also, 
it is exact to within experimental error of veri- 
fication. Yielding of the walls, harmonic content 
in the source, and the natural limitations of 
measuring instruments conspire against a very 
accurate check of Eq. (3). But in carefully con- 
trolled acoustical experiments the observed and 
calculated values of frequency agree to a few 
tenths of a percent, and this will be considered 
sufficient verification for the ensuing discussion. 


* Presented at the November meeting of the Acoustical 
Society of America. At the same meeting it was suggested 
that in the future, in acoustic terminology, the word 
“eigentone”’ should be replaced by the more specific terms 
“normal frequency” and ‘“‘normal mode.” 


We are interested in finding the frequency dis. 
tribution of the eigentones. Let N be the total 
number of eigentones up to and including the 
frequency v, and dN the number of eigentones 
included within the frequency range from » to 
v+dv. The desired equations are then: 


N=f(v), (4) 
dN=f'(v)dv. (5) 


For one thing, these functions give information 
regarding the resonance response of a given room 
to sounds of different frequency, or bands of fre. 
quencies. The concept of resonance response is of 
growing importance in the study of reverberation 
and other acoustical properties of rooms.! 

The values of N=f(v) can be found directly 
from Eq. (3) by the tedious plotting of all eigen. 
tones up to any desired frequency. Having done 
this, we will designate the curve as V.=f(v). N, 
means the “‘correct’’ or ‘‘computed’’ number of 
eigentones up to a frequency v, keeping in mind 
the restrictions mentioned above. We also must 
be careful to realize that N,, as defined, is nota 
continuous function, for it is plotted from a 
number of discrete values of frequencies, com- 
puted from Eq. (3). But a smooth curve can be 
drawn to fit the stepped curve empirically, the 
steps then fluctuating above and below the 
smooth curve. See Fig. (1) for an example of N, 
plotted as a function of v, for a room 10X15 X30 
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n* feet, up to v= 200 c.p.s. Similarly, AN, is defined EP PED 
as the “correct’’ value for the number of eigen- ‘i ne asia ere 
tones in a range from v to v-+Av. A sample curve 3 no release 
for AN, is shown in Fig. 7. 9 Peta 
It would be a real advantage to have approxi- .a * “le tefe ef] 
ncy dis. mate equations for the direct calculation of N § 
he total and dN as smooth functions of frequency. Such 2 
ing the equations have been derived,’ and are familiar 
entones especially in connection with their application to 
M v to the quantum radiation laws, where the concept a 
met with success. Thus Rayleigh, starting with Fic. 3. 
(4) the simple mechanical (acoustical) systems, de- 
: rived an expression for the number of degrees of iets 
5) freedom in a given range of frequency or wave- eo a — 
‘mation length. This led to an evaluation of the number : _— y mae 
N TOom of degrees of vibrational freedom per unit volume 2 : fect 
3 Of fre- of electromagnetic radiation. But we must now 3 v -$[ey ef el] 
iseisof | consider the acoustical application. Let N, desig- 8 
eration nate the ‘asymptotic’ or limiting number of : 
| eigentones up to a frequency », and the equations, . 
ite as given by Morse’ are: : 
eigen- ! 
ig a N,=* (40 V/3c*) Y, (6) onsuvanee. = CYCLES PER SECOND 
(v). N, dNq=(4rV/c*) vd. (7) Fic. 4. 
nber of ’ ; 
n mind — ent yp-ctensialng SS reg — approaches infinity. So one must be careful to 
om ee a ee ee investigate this limitation when he applies Eqs. 
S not a * (6) and (7) to acoustical problems, where the 
rom a ol a noow woot. we fat ) dimensions of the apparatus and enclosures are 
lenge ® os Wii? - often of the same order of magnitude as the 
can be 3 se liarfe wave-lengths. 
ly, the _“ > flees (es) y Figure 1 shows a plot of N, from Eq. (6), 
w the $ 20 . putting in the appropriate values for the room 
> of N. : 10X15 X30 feet. Apparently N, and N, are not 
15X30 2” in very good agreement, even up to 200 c.p.s., at 
. which frequency there are already over 150 
| ol “_ modes or eigentones. To see if the discrepancy is 
FREQUENCY — CYCLES PER SECOND peculiar to the particular shape chosen, the 
Fic. 2. curves N, and N, are plotted and compared in 
values’”’ of v. When the equations are applied to piss om rig int oevenr songs 
radiation, they give values which are extremely : P g- ‘ 

, chamber which was used by V. O. Knudsen! in 
close to the actual ones, essentially because the ‘ile Seenistatiibiin. aft: wines: ie een menial 
wave-lengths of light are less by many orders of The tn oh Rie: Sel i! 

; , ; : gs. 3 an really are sma 
magnitude than the dimensions of experimental suiile in. which investigntions ere beleg cow 
apparatus. Courant-Hilbert points out clearly iantnil: ak iin maiiiiaien Aiiais: Pieeai mealies 
that these equations merely give the ‘“‘asymptotic na pent nanliess er ecunsdlinsenicer ite 

= distribution of the eigenvalues” as the frequenc - aw of shapes and i a and, it me be 
pecs seecnatantes bia ieaipinae q Y lieved, should give a fairly reliable comparison 
ide olen arene pron yom ig — I, p. 347. between N, and N.. In each case there is a con- 


‘Richtmyer, Introduction to Modern Physics, pp. 223-6. sistent and rather large discrepancy. In the 





A SECTION OF FREQUENCY SPACE FOR 
A RECTANGULAR ROOM L,LyL,. EACH 
INTERSECTION IS A CHARACTERISTIC 
POINT; ITS DISTANCE FROM THE 
ORIGIN MEASURES THE FREQUENCY 
OF THE CORRESPONDING EIGENTONE. 
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largest room, Fig. 1, the deviation is roughly 50 
percent at 100 c.p.s. and around 20 percent at 
300 c.p.s. These errors are based on N, as the 
“correct’”’ value, in accordance with the discus- 
sion earlier in this paper. 

There is still the argument that Eq. (6) might 
hold more closely in rooms of less regular shape 
than those used here. Irregular shapes appear to 
be of practical importance in reducing flutter and 
in giving a more diffuse distribution of sound. 
Unfortunately, a simple equation such as Eq. (3) 
is possible for only a few simple shapes: the 
rectangular box, a cylindrical enclosure, and a 
sphere. But this matter has received some atten- 
tion, and the current concepts are summed up 
briefly by P. E. Sabine® in connection with an 
experimental method for obtaining a more diffuse 
resonance response at low frequencies. Sabine 
reiterates that normal modes still exist in irregu- 
lar spaces, but there is no longer an easy means 
of calculating them. In fact, at very high fre- 
quencies the three-dimensional vibrations depend 
on the volume and the elastic properties, and are 
practically independent of shape. These con- 
siderations seem to indicate that we cannot rely 
on irregular shapes to give us any great improve- 
ment over the consistent deviations between N, 
and JN, indicated in the examples cited. 


5 P, E. Sabine, J. Acous. Soc. Am. 10, 1-2 (1938). 
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We are led to the conclusion that the consisten; 
discrepancy, in the acoustical range in which we 
are interested, is attributable to Eq. (6). It seems 
appropriate therefore to scrutinize the steps jp 
the familiar derivation of the equation. This yjl 
disclose the necessity for a modified evaluation 
at low frequencies, of the density of characteristic 
points in “frequency space.’’ Writing down the 
more accurate expression will lead to a new equa. 
tion to take the place of Eq. (6). Finally, the ney 
quantity, which will be designated by N,j, will be 
compared with N, and N,. A glance at Figs, 1, 2, 
3, and 4*will show that Ny, which is plotted jn 
each case for the same conditions as N, and N, 
is in very good agreement with N.. The new 
equation will, of course, be approached by N, as 
the frequency approaches infinity. 

Several methods have been used for deriving 
Eq. (6). Richtmyer* presents a method of count. 
ing an integral number of wave-lengths, \, be. 
tween each pair of parallel walls, and arrives 
directly at the expression in terms of wave. 
length: N=42rV/3\*. Courant-Hilbert? uses a 
quantity called the “eigenvalue \”’ (not to be con- 
fused with wave-length) given by: \=471°y?/¢, 
He considers a three-dimensional lattice in “p. 
space,”’ a space in which lengths are measured by 
the integral values of the p’s introduced in Eq. 
(3). In this space, each cell is cubical, having sides 
p=1, and the corners of the cells are character- 
istic points in p-space, each point representing a 
particular eigenfrequency. 

Finally, there is the method used by Morse: 
This approach deals with a ‘‘y-space’’ or fre- 
quency space in which lengths measure fre- 
quency. It is this concept which will be used in 
the following derivation. Consider now a fre- 
quency space as plotted in Fig. 5. (See also 
Morse, reference 3, p. 294.) Along the v, axis are 
measured frequencies of modes which vibrate 
only along the x direction in the room. The al- 
lowed frequencies are the discrete values ¢/2L,, 
2C/2L,, 3c/2Lz, etc., and are shown in Fig. 5 as 
the first, second, etc., intersections along the 
axis. v, and v, axes have similar significances for 
the y and z directions in the rectangular room. It 
must be stressed that the simple rectangular 
lattice of Fig. 5 reflects the simple shape of the 
room we have chosen, and that, in general, the 
lattice in v-space will be more complicated. All 
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the unit cells in Fig. 5 are of the same size and 
shape, the three dimensions being inversely pro- 
portional to the three dimensions of the room. 
The volume of the unit cell is: (¢/2L,)-(¢/2Ly) 
.(¢/2L:) =0/8V, where V is the volume of the 
physical room, and ¢ is the velocity of sound. 

The next step is the one which bears scrutiny. 
By familiar reasoning, it is now usual to say: 
c/8V is the volume of one cell, or the ‘‘volume 
per unit cell.”” By inversion, therefore, 8V/c* is 
“cells per unit volume.”’ This quantity, 8V/c’, is 
then carried along as giving the density of 
characteristic points in v-space, for there is one 
point associated with each cell® and the above 
relation was shown to be the number of lattice 
cells per unit volume. 

Since distances in v-space measure frequency, 
all the characteristic points which lie within a 
distance “‘v’’ of the origin will represent frequen- 
cies below the given v. These points are all con- 
tained in the spherical octant described about the 
origin by a radius v. All possible normal modes are 
included in this positive octant of the coordinate 
system, for any negative directions give reflected 
points which still have the same distance from 
the origin, and it is the distance from the origin 
that determines the frequency. The volume of the 
spherical octant is: §+4av°/3=7*/6. 

Combining the two factors derived above, the 
number of points per unit volume times the 
volume up to a given frequency equals. the num- 
ber of points, or normal modes, up to the given 
frequency. 


Na=(8V/c3)-(xv?/6) =(4eV/3e)”*. (6) 


Eq. (7) is obtained from Eq. (6) by simple differ- 
entiation, but this must be done knowingly, for 
N, is an asymptotic formula which approaches, 
at very high frequencies, the smoothed over 
curve of the stepped curve N.. For a fuller discus- 
sion of mathematical rigor and a justification for 
treating these functions as continuous, consult 
the section on asymptotic distribution of eigen- 
values in reference 2. 

We now consider the steps leading to the new 
formula. The point of departure lies in the 
evaluation of the density of characteristic points 

_*Starting with the origin, take the corner cell as asso- 
ciated with the origin; the cell above, to the right and in 


front of the second point is associated with it, etc. Thus 
each cell is seen to be associated with one intersection point. 
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in v-space. Fig. 6 shows a two-dimensional fre- 
quency space, the v,—v, plane of v-space, gotten 
simply by placing v,=0 in Fig. 5. Let us fix our 
attention on the rectangle A, bounded by dashed 
lines. This area A happens to include 12 points, 
but it may include any number. Also the area 
may be considered to lie anywhere in the plane, 
away from the axes. If lines are drawn midway 
between each point in A, in both directions, a 
unit rectangle is described about each point, the 
point lying at the center (centroid) of the cell. 
This is true because the points are equally spaced 
along the axes, due to the choice of a rectangular 
room. The area A then includes 12 unit cells. 
Within the area A it is perfectly correct to say 
that the density of points is given by: 

number of pts. 


density = 
area 


12 shits 
12(c/2L.)(c/2L,) 





Extended to three dimensions this same reason- 
ing gives 8V/c? as used classically. 

But let the area A approach one of the axes, or 
actually include points along the axes. In its new 
position, the sample area is shown as B in Fig. 6. 
We recall that »-space is defined only in the posi- 
tive octant. Physically this means that there can 
be only positive values of frequency. The ’s of 





Fic. 6. 





Eq. (3) can take only positive integral values, or 
zero. Hence we must discard that part of the 
area of B which now lies outside the first quad- 
rant of Fig. 6. Finally the area is moved to posi- 
tion C, taking in the origin. It is now convenient 
to introduce: 


Qz=p:+1, q=phy+l, q.=p.-+1, (8) 


where ., py, pz are the integers 0, 1, 2, --- of 
Eq. (3). This enables us to express the number of 
characteristic points, N’, as a product of q’s, 
since the number of points up to and including a 
certain p,, for example, is p.+1. Thus consider 
the (3, 2) mode in Fig. 6;i.e., p2=3, py=2. This is 
the point in the upper right-hand corner of area 
C. Since the points along the axes represent actual 
modes of vibration also, except for the singular 
point at the origin, the (3, 2) point is really the 
fourth point in the x direction and the third in 
the y direction. The area C contains (4X3) = (12) 
=(gz"dy) points. So in three dimensions there are 
(q:Qyqz) Characteristic points in the »-space block 
whose extreme corner is occupied by the charac- 
teristic point (2, py, pz), and whose diagonally 
opposite corner includes the origin of axes. 


N' = 429,4:- (9) 


Dimensions, also, can be expressed in terms 
the g’s. The area A is 4(c/2L,)-3(c/2L,)= 
gz(c/2L.)q,(c/2L,). But in the position C, that 
area which now lies outside the positive quadrant 
must be excluded. The significant area of C is 
(qz—3)(c/2Lz)+ (qy—4)(c/2L,), while the remain- 
ing area is meaningless as a physically repre- 
sentative v-space. Extended to three dimensions, 
the volume in v-space associated with the first 
Pz, Py, Pz Modes is: 


V’=(qe—3)(Qu—2) (Q2—2)/8L2LyL,. (10) 


Equation (9) gives the number of character- 
istic points in an arbitrary, rectangular volume 
in v-space, and Eq. (10) calculates the volume so 
chosen. Combining these gives the more accurate 
expression for the density of points. Multiplying 
this correct density by the volume of the 
spherical octant of radius » gives finally: 


G29 yQz 4nV 


N= v¥= F(q)Na, (11) 
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which is to be compared with the asymptotic 
formula, Eq. (6). 

In order to apply Eq. (11) to a particula 
physical problem, the g’s must be expressed jp 
terms of known constants and the parameter », 
(The desired form is: N,=f(v), Eq. (4)). A 
transformation back to the p’s yields: 


(be +1) (by +1) (b.+1 
F(q)—F() icin eo 
(be+3) (by +2) (b: +3) 


We make the simplifying assumption : 

bz=py=p:=P (13) 
which arbitrarily specifies a particular shape for 
the volume in v-space, a volume the dimensions 
of which are inversely proportional, respectively, 
to the three sides of the physical room. Now we 
must relate the p of Eq. (13) to », for the re. 
stricted condition stated in Eq. (13). The rela. 
tion is obtained by imposing condition (13) on 
Eq. (3) and solving for j, explicitly, which gives: 

2v V 2vV 


p=— 


—$—______________-=—, (If 
¢ [(LLy)?+(LyL.)?+(L-L2)?]! cR! 


where V is the volume of the room, and the three 
L products are the areas of the bounding planes. 
For convenience we let the sum of their squared 


areas equal R. Eq. (12) now becomes: 
[2vV/cR'+1 }* 

PQ SF 
[2vV/cR'+3 } 


Simplifying and inserting this back into Eq. (11) 
yields the final form: 


4nV 2Vv+cR! 7 
~ |_| (15) 
3c? L2Vv-+(c/2)R! 





where: V= volume of rectangular room for which 
we are investigating the distribu- 
tion of eigentones, 
v=frequency of sound, 
c=velocity of sound, 
R=(L,L,)?+(L,L.)?+(L-L;)* where: L,, 
L,, Lz are the dimensions of the 
room, 
Nz» gives the number of eigentones or 
natural modes of vibration of 
sound (compressional waves) in a 
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three-dimensional continuum (air) 
bounded by perfectly reflecting, 
rigid, plane walls, describing a rec- 
tangular volume. 


To obtain the differential form of Nj, it will be 
convenient to make certain transformations, and 


then to expand in series form. 
Let: k=cR!/4V =gv; and K=4rV/3c. 








4nrV | 2Vv+cR' ] 
= p?| ———_--- - 
38 L2Vv-+(c/2)R! 
1+2k/v}' 1+2g}' 
-Ke| -Kr| : 
1+k/v 1+¢ 
1+2g 
——e ere ee 
1+g 
=2+ =. (—1)"t1g”, 
n=0 
1+2g}' 
|—| = 1+3g+0—2g*°+3g1—3g°+2¢° 
l+g 


+0—3g8+7g9—--- 
=8—32 D (—1)"(n—2)(n—7)g", 
n=0 
N,.=Kv*{1+3k/v+0—2k*/v3+--- ]. 
Since the third term is zero, and the remaining 
terms are ascending orders of 1/v, there is ob- 


tained a reasonably good ‘‘working equation” by 
retaining only the first two terms. 


4rV 3cR! 
N= | *+ | (15”) 








3c3 


4V 
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This can be differentiated directly to give: 





4n VI cR} 
dN,= | +> for (16) 
2V 


lois 


Eq. (16) is plotted in Fig. 7, and appears to give 
a fairly good smooth curve through the actual 
curve for AN.. In this particular example, AN, has 
very wide fluctuations, due partly to the choice 
of a small Av, yet dN; is noticeably superior to 
dN« as a graphical average of AN.. 

In addition to the graphical confirmation of 
the new equations, a quantitative comparison has 
been made for one room. Table I shows the values 
of Nz, Ns, and N, at several frequencies, for a 
room 1015 X30 feet. The percent deviations of 
N, and N, from the correct value N, also are 
given. 

It also is instructive to compute the frequency 
above which the asymptotic value N, may be 
used with a prescribed degree of accuracy. If 10 
percent deviation is permissible, the limiting 
frequency in the room 10X15X30 feet is ap- 
proximately 960 c.p.s., at which frequency the 
value of N; is about 11,000. To obtain one per- 
cent agreement between N, and N,, the approxi- 
mate form N, cannot be used below a frequency 
of 10,000 c.p.s. It must be stressed that these last 
two computations are only comparisons between 
the asymptotic N, and the somewhat better ap- 
proximation N,, as derived in this paper. A com- 
plete and extended confirmation of the new 
equation has not been shown. 

The new equations were derived for the special 
case of a rectangular room. A completely general 
solution of the problem is fraught with great 
mathematical difficulty, as is the solution of the 
wave equation in a room of arbitrary shape. But 
the essential physics of the problem is illustrated 
in the derivation given; improvement over the 








TABLE I. 
PERCENT ERRORS 
FREQUENCY 
C.P.S. Ne Nea Nb Na Nb 
60 8 2.85 7.32 | —64.5 | —8.5 
100 25 13.2 26.4 | —47.2 5.6 
150 74 44.5 75.2 | —39.8 1.6 
200 159 | 105.6 | 160.3 — 33.6 0.82 
250 283 | 206 293 — 27.2 rE B 
300 464 | 354 468 —23.7 0.86 
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old asymptotic formula must proceed from a 
more accurate counting of characteristic fre- 
quency points. 

In conclusion, it seems appropriate to mention 
a few possible applications of the new formulas 
to the practical problems of room acoustics. One 
question of interest, especially in the use of small 
reverberation chambers, is the matter of finding 
the lower frequency-limit of fairly uniform reso- 
nance response. For example, if it is desired to 
make reverberation measurements using, say, a 
band of thermal noise 50 cycles wide, what is the 
lowest frequency at which this band will be sure 
to excite a prescribed number of eigentones? An 
approximate equation has been derived by Morse 
reference 3, p. 319, after making certain simplify- 
ing assumptions. This equation would be changed 
in form by the introduction of the new equation 
derived in this paper, and the new form would 
probably be somewhat superior, especially since 
the first few eigentones are concerned. 

Another practical problem is to find the aver- 
age intensity distribution in a room as a function 
of frequency. The experimental curve is made up 
of a number of high peaks occurring at the vari- 
ous natural frequencies of the room, and having 
widths related to the damping properties of the 
room. Such a curve is rather difficult to obtain 
experimentally, but may be approximated by a 
smooth function, as demonstrated by Morse, 
reference 3, pp. 318-320. The approximate equa- 
tion given there is: 


W = (xpoQov?)/(4cVk) (v>>vmin) 
in which: W is the average energy density, 


pois the density of air at standard 
conditions, 
Qois the ‘‘strength’ of the sound 


source, 

V is the volume of the room, 

k is the damping constant, given by 
k=ca/8V, 

@=a,S;+a2S2+°::, 

a=the total absorption of the walls. 


BOLT 


Using the new formula for frequency distriby. 
tion, the above equation becomes: 


™poQo cR! 

a A i+ | (17) 
4cVk 2Vv 

Finally, quoting from V. O. Knudsen, reference 
1, p. 36: “The reverberation of sound in a small 
room consists (at least primarily) of the free 
damped vibrations of the air in the room. , ,. 
Existing theories of reverberation are incomplete, 
and may lead to gross errors, especially for fre. 
quencies which have wave-lengths comparable 
with the dimensions of the room.” It seems 
plausible that any improvement in reverberation 
theory must, somehow, be concerned with the 
number of free damped vibrations contributing 
to a given situation, and an accurate evaluation 
of this number appears to be a step leading in the 
right direction. 

Since the completion of this paper, an alter. 
native approach to the problem has been called 
to the attention of the author. Mr. Maa, a 
graduate student in acoustics at the University 
of California at Los Angeles, has derived new 
equations for N and dN, which are: 


= 














4nrV 7S L.+L,+L, 
= ae die eee 
3c3 4c? 2c 
dN 4nrV : tS L,+L,+L, 
mew ils eS, 
dv 3 4c? 2c 


in which S is the total area of the rectangular 
room, and L,, L,, and L, are the dimensions. 
These equations agree very closely with the 
formulas derived in the present paper, as shown 
by the crosses which have been added to the 
various graphs. 

The author is grateful to Dr. E. L. Kinsey for 
his careful reading of the manuscript and his 
helpful suggestions, and to several members of 
the Physics Department for their interest and 
comments. 
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Distribution of Eigentones in a Rectangular Chamber at Low Frequency Range* { 


DauH-You MAA 
Cruft Laboratory, Harvard University, Cambridge, Massachusetts 


(Received August 8, 1938) 


T has been shown by various authors! that the 
number of eigentones in a rectangular cham- 
ber with frequencies less than a certain limiting 
value v is given by 
N=4rV1*/38 () 
where V is the volume of the chamber and c the 
wave velocity which, for sound waves, is 1125 
feet per second at room temperature. This value 
given by (1) is correct only when the limiting 
wave-length is negligibly small compared to the 
dimensions of the chamber, as in case of light 
waves. When it is applied to problems in acous- 
tics, as in the calculations of intensity distribu- 
tion, growth and decay of sound energy in a 
room, etc., the results are far from satisfactory, 
because the wave-length now becomes compa- 
rable with the dimensions of the room. Mr. Bolt, 
by considering the density of representative 
points, arrived at a very satisfactory result, as 
shown in his diagrams.2 From an alternative 
point of view, the following result 


dia 356 1 3d “| 
1 


N= —-- — 
3c3 








+ (2) 
16V v 8rV P’ 


may be obtained, in which S is the surface area, 
L the sum of the three dimensions, V the volume 
of the chamber, and c the sound velocity. Al- 
though this result seems quite different from that 
obtained by Bolt ? 
4rVv*p 2vV+cR} 7 
<a 


3c3 L2vV+3cR! 
(where R is the sum of the squares of three areas, 
S2+S/7+5S,/, and the other symbols have the 
same meaning as above), the two forms agree 
quite well. The values obtained from Eq. (2) 


) 


are plotted as x’s in the diagrams given by Bolt.” 





(3) 


* Part of this work was done while the author was in 
residence at the University of California at Los Angeles. 

{ Presented at the November meeting of the Acoustical 
Society of America. At the same meeting it was suggested 
that in the future, in acoustic terminology, the word 
“eigentone” should be replaced by the more specific terms 
“normal frequency” and “normal mode.” 

‘See, e.g., Courant and Hilbert, Methode der Mathe- 
matische Physik; Morse, Vibration and Sound. 
aq ee the preceding paper in this issue of the Journal: 
Frequency Distribution of Eigentones in a Three- 
Dimensional Continuum,” by R. H. Bolt. 


DERIVATION 


(A) The asymptotic formula (1) 


Let the dimensions of the rectangular chamber 
be L., Ly, and L,. If the surfaces of the cham- 
ber are all rigid, the sound wave in the chamber 
will be given by: 


V7o—(1/c2)¢=0 (4) 
under the boundary conditions: 


0¢/dx=0 at x=0 and x=L,, 0¢/dy=0 
at y=0 and -::; 


where ¢ represents the velocity potential, d¢/dx 
the particle velocity along x-direction, etc. The 
solution will be of the form: 


P.rtX Pyty P.%Z 
cos cos 


r Ly z 


with 4n%y2/2=p2n?/L2+p,0*/L2+p20/L2, 











o= ert cos 


where pz, py, and p, are integers or zero. For the 
eigentones with frequency less than v, one has 


4°/2>p2/L2+p/7/L7?+p2/L?. (S) 


Each set of positive integers (p., py, pz) satisfying 
the relation (5) will give an eigentone of fre- 
quency less than v. Therefore any point having 
positive integral codrdinates in the (p., py, Pz) 
space will represent an eigentone and the number 
of eigentones having frequencies less than y will 
be equal to the number of such representative 
points within the first octant of the ellipsoid 


b2/L2+p)/L7e+p2/L? _ 4v?/c*. (6) 


It is easy to see that there is, on the average, one 
point having integral coérdinates in every unit 
volume in space, and the number of such points 
within a certain volume is equal to the volume 
itself. Therefore, the number of eigentones hav- 
ing frequency less than » is equal to one-eighth 
of the volume enclosed by the ellipsoid (6), or 


147 /2L.v\ /2Lyr\ (2L.v 4nr Vv? 
reheat 
8 3 c c c 3 + 
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where V=L,L,L, is the volume of the rectangular 4x Vv? wSv* Lv 
chamber. i <a" oe 
(B) The correction 4nVy'r 3 603Se 1 3Le 1 
/ rae divi : : = a —| 
When the whole space was divided into eight 3¢3 16V » 8aV (2) 


octants, all the points on the codrdinate planes 
were, effectively, cut into two halves and all the 
points on the codrdinate axes were, effectively, 
cut into four quarters. So, in Eq. (1) only one- 
half of the points on the coérdinate planes and 
only one-fourth of the points on the codrdinate 
axes have been counted. The correction will be 
the addition of the missing points. Evidently 
there is, on the average, one point with integral 
coérdinates in every unit area on the codrdinate 
planes. The total number of representative points 
on the planes within the ellipsoid (6) is equal to 
the sum of the areas of the first quadrants of the 
ellipses 























b, pb? 
———_—+—_——=1, «+», 
(2L,v/c)? (2L,v/c)? 

that is 

ip 2L,v2L.v 2Lw2La 2L.w22Ly] rr’S 
| T +r |- , 
4 Cc c c c c c 2ct 


where S=2(L,L.,+L-,L.+L-L,) is the total sur- 
face area of the chamber. One-half of this number 
had been missed. So we have to add another 
half, i.e., 

Sv? /4c? (7) 


to the value given by Eq. (1). As for the points 
on the axes, one-fourth were counted in Eq. (1) 
and another half in Eq. (7). One-fourth of the 
points are still uncounted. It is easily seen that 
the number of points on the axes is equal to the 
sum of lengths of the three semi-axes of the 
ellipsoid (6), i.e., 


2L.v/c+2Lyv/c+2L.v/c=2Lv/c, 


where L=(L.+L,+L,) is the sum of three di- 
mensions of the chamber; and one-fourth of this 
number is 

Lv/2c. (8) 


Therefore, the total number of representative 
points, those within the positive octant of the 
ellipsoid, (6), or the number of eigentones of 
frequencies less than » is given by 


Or in terms of wave-length, the number of eigen. 
tones having wave-lengths greater than js 








4r Vi 3SX 3L»x 
N= [ fone | (9) 
3X? 16V 8rV ; 
DISCUSSION 


It will be seen that the correction terms depend 
only on the ratio of wave-length to the dimension 
of the chamber. In all practical cases, the second 
correction term is always very much smaller than 
one, except for the first few eigentones. For 
example, in a room 10’X15’X30’ (discussed 
by Bolt) 


3LX?/8r V =0.19 at 100 cycles per second 


and 0.02 at 300 cycles per second. 


So, in general, it is negligible. But the first 
correction term must be considered throughout 
most of the audiofrequency range. For example, 
in the same room, 10’ X15’ x 30’, 


3S/16V =1.13 at 100 c.p.s. 
0.38 at 300 c.p.s. 


and 0.04 at 3000 c.p.s. 


Since the mean free path of sound waves in the 
room is given by 
A=4V/S, 


the first correction term may also be put in the 
form 3\/4A, and Eq. (2) will become 


N=(4nV/303)[14+3d/4A+3L22/8rV]]. (10) 


From Eq. (2) many other useful relations can 
be derived ; the following are a few examples: 

(I) The number of eigentones having fre- 
quencies between v and v+4r is 


4nrV nS 
5N= [(v+dv)3— v3 ]+—[(v+6v)?—v*] 
3c3 4c 
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4n Vv? 
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EIGENTONES 
Se 1 


Le? 1 
4+ ---— Jo» 
8V v &rV Pv? 


4nVv ge 1 4nV 
+ (14+ - ora (11) 
3 16V »v 3c3 








For very small values of 6y, i.e., when 6v<v, the 
higher order terms of é6v may be neglected, and 
we have 


4n Vv? 
wa —(14 


c 


Se 1 
8V vy 


Le? 1 
+ Jaw (12) 


8rV vy? 








The first correction term is just 
d/2A. 


In the room 10’ X15’ X30’, A=10’. Except when 
120’, or y>>56 c.p.s., the old form 


5N= (42 V/c*) v*dy 


will not be a good approximation. The second 
correction is still very small except when the fre- 
quency is very low. 

(II) If the walls of the chamber are not totally 
reflective, there will be damping for any sound 
wave in the chamber and the above derivation 
will not be exact because the relation (5) is only 
an approximation. But when the absorption of 
the walls is small, no further correction wili be 
required. e> 

If, in such a room, a source of strength 
Qoe“*** is turned on, the final average energy 
density will be, according to Morse,! 


4pc?Q.? On¥r2(S) 
- V2) (Qwnrk,/w)?+(w—w,? wo)?” 








W (13) 


where p is the density of air, k, is the damping 
factor for the mth eigentone w,, S is the position 
of source, 

Prtx 


p.nz 


Pyty 











¥(x, y, 3) =cos cos cos 


z y z 


and ¢,=1, 3, 1, according to whether none, one, 
or two of the p’s are zero. If v is high enough so 
that the eigentones around it are very close to 
one another, the average energy density will be 
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sez if 1 
1-+-—-+ -) (14) 
8V v 8rV vr? 





we 
4Vk 


by following Morse’s method. 

(III) The present result (2) is readily appli- 
cable to chambers of other shapes. It is suggested 
that when the formula is applied to a chamber of 
conventional type, V and S will still be taken as 
the total volume and surface area, respectively, 
and L will be the sum of the height and one-half 
of the perimeter of the chamber. 

(IV) In the above derivation, no consideration 
has been given to the eigentone (0,0,0) which, in 
general, is not counted. Effectively, one-eighth 
of the eigentone (0,0,0) has been counted in the 
first term of N, three-eighths in the second and 
three-eighths in the third. If in the counting of 
the eigentones, the mode (0,0,0), which is not 
vibratory at all, is excluded, the number at- 
tributed by it, i.e., 


1 3 eS. 
ststs=s 


should be subtracted from the value of N ob- 
tained above and Eq. (2) will become 














4nVr~  3Sc 1 3Le17 7 
we=—|14+——-4+ —~ —]-- 
303 16V» 8rVv7} 8 
or 
4nVr~  3Sc 1 3Le 1 21e 1 
vei — -+—_ + =| (15) 
303 16V » 84V 2 32nV » 


The value of 5N will be still given by Eq. (11) 
or (12). When the value of N is much larger than 
one, the last correction may be neglected. But if 
N is not so large, all the correction terms should 
be used. 

(V) From the solution 


pit Pyt p.t 


o=e—i* cos ——x cos ——y cos ——2 


z y z 


of the wave equation, it is evident that (2L,/p.), 
(2L,/py), (2L./p.) are the “components” of the 
wave-length along the axes (here the “‘compo- 
nent” of a wave-length along a certain direction 
means the line segment along that direction cut 
by two successive wave fronts at a wave-length 
apart), hence the direction cosines of the wave 
normal of this particular eigentone are equal to, 
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but may differ in signs from 
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the number, No, of the eigentones with frequen- 
cies less than v and with wave normals making 
angles less than 6 with the x axis will be the 
number of representative points in the p space 


within the first octant of the ellipsoid (6) and 
also within the conical surface 


Me) Gz) Gz) | 

menace ee 3 ee =cos 6. | 
aL. 2L, 2L, aL (16) 
Without the correction for the points on the co- 


érdinate planes and the axes, this number may 
be found by integration as 


(44 Vv? /3c*)(1—cos 6). 


By the same method as before, the correction 
for the points on the codrdinate planes is 


6S’? /c? 
where S=LL,+LL., 
for those on the p, axis 


2L,v/c 
and for the origin 


1 cos 6—6/24—}. 


Therefore 


4nr Vv S’'y? 2Ly 
(1—cos 0)-+——0+—— 
c c 





Ne= 


3c3 


0 
+{ 2 cos o——~1). (17) 
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In general, the last term is neglected. For the 
eigentones in the directions between 6 and 64% 
the number is 





4nr Vy Sy? 1 
in| sin 0-+-——-—}j sin 6— -[w. (18) 
$c C 2a 
If only the first term is taken, or what amounts 
to the same thing, if the eigentone with waye 
normal parallel to any of the walls be given g 
weight 3 and the eigentone with wave normal 
perpendicular to any of them be given a weight 

1, Eq. (17) will give 


No= (42 Vv? /3c*)(1—cos 6). (19) 


This suggests a random distribution of the eigen- 
tones so far as the direction is concerned. Thus 
the usual way of assuming diffused waves in a 
room is justified provided the frequency is so high 
that the secondary terms are negligible or par- 
ticular weights are given to the waves parallel 
to the walls or the edges, according to the above 
manner. In such a case the number of eigentones 
with frequencies between vy and v+éy and in 
direction between @ and 6+ 66 will be given by 


8 N = (427 Vv?/c*) sin 6 by 60. (20) 
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Apparatus for Acoustic and Audio-Measurements 


H. A. CHINN AND ViR N. JAMES 
Columbia Broadcasting System, New York, New York 


(Received Qctober 8, 1938) 


A new automatic audiofrequency measuring assembly for reverberation and other acoustic 
measurements is described. In addition, the equipment provides a means for automatic 
response vs. frequency measurements of audio- and acoustic equipment components and of 
complete audio-systems. The assembly is completely a.c. operated and readily portable. It 
utilizes a high speed, power-level recorder recently introduced in this country and a new audio- 
frequency oscillator having exceptionally fine performance characteristics. 


INTRODUCTION 


N connection with the design, construction and 

operation of a broadcasting plant, there is a 
continual need for portable equipment to deter- 
mine the reverberation vs. frequency characteris- 
tics of studios, radio playhouses, control, ob- 
servation and audition rooms. It is generally 
agreed that the most satisfactory present-day 
method of making these measurements is by 
means of a high speed, power-level recorder.! 

In the past, there has been available only one 
general type of high speed level recorder,’ the 
application of which, for a number of reasons, has 
been rather limited. Recently, a new, compact, 
a.c. operated recorder was introduced in this 
country. This recorder, together with a variable- 
frequency audio-oscillator, having exceptionally 
low harmonic distortion and excellent stability, 
has been combined with various associated 
apparatus to form an automatic audiofrequency 
measuring assembly. 

The assembly is readily portable and is applic- 
able not only to reverberation-frequency meas- 
urements, but also to other acoustical work 
requiring high speed, power-level recordings. 
Furthermore, means have been provided for 
automatic or manual response-frequency meas- 
urements such as are undertaken in the study of 
loudspeakers, microphones, audio-amplifiers, fil- 
ters, and for over-all measurements of complete 
audio-systems. 

It is the purpose of this paper to describe this 


1 E. H. Bedell and K. D. Swartzel, Jr., “‘Reverberation 
Time and Absorption Measurements with the High Speed 
Level Recorder,”’ J. Acous. Soc. Am. 6, 130-136 (1935). 

*E. C. Wente, E. H. Bedell and K. D. Swartzel, Jr., 
“A High Speed Level Recorder for Acoustic Measure- 
ments,’’ J. Acous. Soc. Am. 6, 121-129 (1935). 


assembly of apparatus which provides a source 
of stable, pure audiofrequency tones, warbled if 
desired, at any normally required power level 
and impedance, together with a means of meas- 
uring and automatically recording, at high speed, 
the power level of various audiofrequency signals. 


APPARATUS ASSEMBLY 


The components of the automatic audio- 
measuring assembly are contained in a small 
trunk, Fig. 1, which is 27 inches high, 20 inches 
wide and 13 inches deep. The various units are 
mounted within the trunk in the following order, 
from top to bottom: 


(a) Audiofrequency oscillator 

(b) Oscillator warbler condenser 

(c) Recorder input control panel 

(d) High speed, power-level recorder 

(e) Oscillator synchronous drive mechanism 
(f) Transmission panel 

(g) Jack field for external connections. 


A block schematic diagram of the equipment 
inter-connections is given in Fig. 2. The appa- 
ratus divides itself, naturally, into three sections: 
(a) input, (b) load, and (c) utility, as shown. 

For reverberation-frequency measurements it 
is intended that the assembly be used in con- 
junction with the standard audio-facilities avail- 
able in a broadcasting studio.* Briefly, these 
consist of four or more microphones, a mixer 
console, adjustable filters, and associated appa- 


3H. A. Chinn, “Broadcast Studio Audio-Frequency Sys- 
tems Design,’’ Proc. !. R. E., to be published. 

4 These filters, which are normally used for ‘‘sound- 
effects’’ purposes, consist of a low and a high pass section 
in cascade, each individually adjustable as regards cut-off 
frequency. The combination provides low, high, and band- 
pass effects of adjustable pass-band and band-width. 
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Fic. 1. The CBS automatic audio-measuring assembly. 
This equipment, which is a.c. operated, is readily portable 
and applicable to a wide variety of audio- and acoustic 
measurements. 


ratus that is capable of amplifying the output of 
a microphone to a power level of approximately 
10 milliwatts. 

In the event that the above-mentioned studio 
equipment is not available at the test location, it 
is necessary to use equivalent facilities in the form 
of portable equipments. Such apparatus should 
be capable of an output level of 10 mw with 
harmonic distortion of less than 0.5 percent, 
r.m.s. An unweighted signal-to-noise ratio of at 
least 60 db should be available in order that, with 
the aid of simple band-pass filters, a dynamic 
range of at least 70 db may be recorded. 

A high quality amplifier and associated loud- 
speaker that is capable of delivering considerable 
acoustic output, with low harmonic distortion 
at all frequencies in the spectrum to be measured, 
is also required. The power handling capacity of 
the loudspeaker should be such as to permit the 
generation of acoustic levels in the studio or room 
under test of 90 db or more above the acoustic 
reference level of 10~'* watt per sq. cm. 


CHINN AND JAMES 


AUDIOFREQUENCY OSCILLATOR 


The beat frequency audio-oscillator is a unit, 
recently made available, that may be readily 
modified for the accommodation of a warble 
condenser. Briefly, the oscillator provides an 
essentially constant source of power of any 
frequency from. 20 to 17,000 c.p.s. The output 
level may be varied from approximately 0.05 to 
120 milliwatts. For a given setting of the volume 
control, the output power is constant, within 
0.25 db of the 1000 c.p.s. value, over the entire 
frequency range. The harmonic distortion jg 
unusually low, being less than 0.3 percent, r.ms,, 
at frequencies below 100 c.p.s. and less than 
0.2 percent r.m.s. at higher frequencies. The 
“hum” and noise level is more than 60 db below 
an output level of 10 mw. 


WARBLER CONDENSER 


The warbler condenser is connected in parallel 
with the variable-frequency oscillator condenser 
and provides a warble of four c.p.s. The unit is, 
basically, of the type already described.’ The 
warbler condenser generates two sine-waves of 
capacitance, the phase of one being adjustable 
with respect to the other. This provides a variable 
band-width of sine-wave warble while maintain- 
ing a constant mean frequency. The maximum 
warble available varies linearly with frequency 
and is 100 percent at 200 c.p.s. and 10 percent 
at 10,000 c.p.s. In actual use, a constant per- 
centage warble is employed at all frequencies. 

A switch is provided to permit selection of a 
warbled or a steady tone, as desired. An unusual 
feature of the warbler arrangement is the fact 
that the oscillator frequency calibration, as 
shown upon the engraved scale, remains correct 
for either the warbled or steady tone condition. 

The warbler condenser consists of a single 
rotor and two stators, one stationary and the 
other movable. The rotor assembly consists of 
five plates, each having four circular disks 
attached to the ends of arms which are located 
90 degrees apart. The rotor is driven at a speed of 
1 r.p.s. by a small synchronous motor. 

Each stator has five sector-shaped plates. The 


5F. V. Hunt, “Apparatus and Technique for Reverbera- 
tion Measurements,”’ J. Acous. Soc. Am. 8, 34-41 (1936). 
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adjustable stator may be moved so as to make 
an angle of 135 to 180 degrees with respect to the 
fixed stator. This movement is controlled by 
means of a panel dial and a reduction gear. 

The warble band-width is a maximum when 
the stators are 180 degrees apart and the two 
waves of capacitance are in phase. The minimum 
band width occurs when the stators are 135 
degrees apart and the waves of capacitance are 


exactly in phase opposition. 
INPUT CONTROL PANEL 


The control panel provides a means of at- 
tenuating the recorder input to the proper level 
for the desired stylus deflection. This is ac- 
complished by means of an adjustable 40,000 
ohm T-pad which provides an attenuation from 
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0 to 45 db in ? db steps.® In the case of the high 
impedance input circuit, described below, addi- 
tional attenuation is available in the form of a 
22-db U- or L-pad (for balanced and unbalanced 
circuits, respectively) by operation of a key 
switch. 

A transformer is also incorporated in this panel 
in order to isolate the unbalanced (one side is 
grounded) input circuit of the recorder from the 
circuit to which it is connected. The transformer 
has two primary windings, one of which effects 
an impedance match between the output of a 
microphone channel amplifier (600 ohms) and 
the recorder (40,000 ohms). This permits a full- 


® Actually 1.5 db per step, but bridging between ad- 
jacent contacts results in approximately one-half the 
attenuation per step. 
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(C) UTILITY SECTION — SWITCHING @ PARALLEL JACKS 


Fic. 2. Block schematic diagram of CBS automatic audio-measuring assembly. 


C, Isolation and impedance K1 Oscillator lever-type switch 
matching transformer, 500: control 
30, 200, 250, 500, 600, 500 Kez Oscillator push-button control 
shunt, ohms Ks; Attenuator switch 

C: Output load and V. I. trans- Ks Recorder attenuator switch 
former, 600, 500, 250, 200, Ks Recorder switch 
30, 15 and 7.5 ohms Ke Utility lever-type key 

Cs; Recorder isolation trans- P; 20 db variable 7-attenuator, 
former, 20,000/600 : 40,000 1 db/step, 500 : 500 ohm 
ohms P2 = db T-attenuator, 500 : 500 

ohm 


P; 40 db T-attenuator, 500 : 500 Ps 45 db T-attenuator, 1.5 db/ 
ohm step 40,000 : 40,000 ohms _ 

Ps 7 db (approx.) tracking T- R: 500 ohm terminating resis- 
attenuator, 1580 : 1580 ohms tance ee 

Ps V. 1. range switch, 15 steps of R: 40,000 ohm terminating re- 
2 db/step, 1580 : 1580 ohms sistance : 

Ps 22 db terminated L-attenua- Ro Generator simulating net- 
tor, 20,000 : 600 ohms work , 

P; 22 db terminated U-attenua- [>] Circuit closing jack 


tor, 20,000 : 600 ohms 
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Fic. 3. Typical set-up for acoustical measurements using the CBS automatic 
audio-measuring assembly. 


scale deflection of the recorder to be obtained 
with a minimum of input voltage. 

The other primary winding provides a rela- 
tively high input impedance (20,000 ohms) in 
order that the device may be bridged across a 
low impedance circuit (600 ohms or less) without 
appreciably disturbing the impedance relations 
or the power level therein. 

For convenience, a key-switch has been pro- 
vided in the input circuit of the recorder. In its 
neutral position, the recorder input is short- 
circuited. When thrown to either side, the 
recorder is connected through, but the high 
impedance primary winding center-tap may or 
may not be grounded, depending upon the side 
to which the key is operated. 


HicH SPEED POWER-LEVEL RECORDER 


The high speed, power-level recorder makes a 
continuous record, which is linear with respect to 
decibels, of the intensity of the audiofrequency 
input to the instrument. The mode of operation of 
the device is such as to maintain a constant out- 
put level, from an incorporated amplifier, by 
automatic control of the input potentiometer. 
An extension of the input potentiometer arm 
carries a stylus which scribes a trace upon a 
specially prepared waxed paper strip. 

The potentiometer gain-control arm is actu- 
ated by means of a magnetic fork which receives 
its motion from a synchronously driven magnetic 
disk, which rotates within the tines of the fork; 
the axis of the disk being at right angles to the 
plane containing the tines. Magnetic clutch coils 
attract one or the other of the fork tines to the 


rotating disk, thus moving the fork laterally in 
one direction or the other. The control current 
for the magnetic coils is obtained from a dual 
rectifier connected to the output of the audio. 
amplifier contained within the recorder. 

The synchronous motor which rotates the 
above-mentioned magnetic clutch disk also 
drives the recorder paper. Paper speeds of 1, 10 
and 50 millimeters per second may be selected 
by means of push-button controls. A fourth 
button disengages the gears and stops the paper 
drive. 

For reference purposes, sapphire stylii trace 
lines on the waxed paper strip parallel to its 
length. These equidistant lines are 2 db apart, 
when a 25 db potentiometer is used. Larger 
range potentiometers result in a correspondingly 
greater number of decibels per division. 

The range of intensity which can be measured 
is determined by the potentiometer used. 
Potentiometers are readily interchangeable and 
are regularly available in three ranges: 0-25 db, 
0-50 db and 0-75 db. Since each potentiometer 
has 100 contacts, the attenuation steps are }, } 
and ? db, respectively. 

A special potentiometer, of particular interest 
for acoustic measurements, is also available. This 
unit is calibrated in ‘“‘phons’’ and incorporates 
equalizing networks such that the correct weight- 
ing characteristic is continuously and auto- 
matically applied for the acoustic levels in- 
volved. The range of the potentiometer is from 
30 to 105 phons. 

The input impedance of the device is 40,000 
ohms and the sensitivity is such that an input 
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tential of approximately 20 volts results in full 
scale deflection when using the 75 db potenti- 
ometer. When using the low impedance (600 
ohm) winding of the isolation and matching 
transformer which is a part of the input control 
panel, a potential of 2.5 volts is adequate for full 


deflection. 
SYNCHRONOUS DRIVE 


By means of a flexible drive shaft, which may 
be engaged or disengaged at will, the frequency 
of the audio-oscillator may be swept from the 
high to the low frequency end of the spectrum, 
synchronously with the recorder paper drive. 
The direction of the sweep is such that the com- 
pleted response-frequency recording is in ac- 
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cordance with standard practice as regards the 
labeling of the abcissa as shown in Fig. 5. 

One end of the flexible shaft is coupled to the 
recorder paper-drive shaft through a set of bevel 
gears. Another set of similar gears on the oppo- 
site end of the flexible shaft drives a friction 
clutch. Two spur gears, one fastened to the 
clutch, the other to the oscillator dial, complete 
the transmission link between the recorder and 
the oscillator. When engaged, the oscillator drive 
is started automatically as soon as the recorder 
paper-speed gear-button is operated. 

In addition to the protection offered the oscil- 
lator dial and recorder mechanism by the friction 
clutch, a further feature is an automatic cut-out 
of the spur gears at the end of the frequency 
sweep. 


Time 
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Fic. 4. Logarithmic recordings of sound decay. (a) Stepped curve with 


oscillations: (b) oscillating sound decay. 
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TRANSMISSION PANEL 


In order to extend the utility of the measuring 
facilities to applications other than those in the 
acoustic field, an audiofrequency transmission 
panel is included in the assembly. With the aid 
of this unit, the equipment may be applied to 
the measurement of practically every type of 
audio-apparatus regularly encountered. Balanced 
or unbalanced-to-ground input and output cir- 
cuits may be accommodated, as well as a wide 
range of circuit impedances and operating power 
levels. 

When used in connection with the audiofre- 
quency oscillator, which is a part of the as- 
sembly, the “input” section of the transmission 
panel provides: 


(a) Generator source impedances of 30, 200, 250, 500 and 
600 ohms, obtainable by operation of a rotary switch. 

(b) Complete isolation, as regards grounds, between oscil- 
lator and circuit under test. 

(c) Power-level indicator for determination of test-tone 
level. 

(d) Attenuator, adjustable in 1 db steps, for providing 
test-tone at known levels from 10 db above to 80 db 
below a reference level of 1 milliwatt. 

(e) Switch and push-button control of test-tone with pro- 
visions for terminating both oscillator and circuit 
under test in ‘‘off” positions. 


The “‘load” section of the transmission panel is 
connected to the output of the equipment under 
test and provides: 


(a) Load impedances of 7.5, 15, 30, 200, 250, 500 and 600 
ohms, 30-watt capacity, obtainable by operation of a 
rotary switch. 

(b) Output power-level indicator with range from —12 db 


Fic. 5. The response-frequency characteristic of a loudspeaker obtained by means of the automatic 
audiofrequency measuring assembly. 


to +44 db with respect to a 1 milliwatt reference level, 
automatically corrected for circuit impedance. 


The transmission panel also contains a number 
of miscellaneous items for general utility use. 
Among these facilities are: 


(a) A jack field for convenient connection of any of the 
measuring equipment components to external circuits, 

(b) Two double-pole, three-way utility switches, all ter- 
minals of which are available via the jack field. 

(c) A set of “parallel” connected jacks. 


APPLICATION 


The application of the automatic audio- 
measuring assembly to acoustical and electrical 
problems is self-evident. However, for complete- 
ness, a block schematic diagram is given, Fig. 3, 
showing a typical arrangement for reverberation- 
frequency measurements. The rapidity with 
which data for reverberation vs. frequency 
studies may be obtained with this equipment is 
illustrated by the fact that complete sound-decay 
curves of the room under examination are regu- 
larly made at a rate of 250 observations per hour, 
with two persons operating the facilities. Under 
these circumstances, it is feasible to make 
measurements at a great number of frequencies 
and with a wide variety of microphone and loud- 
speaker combinations and locations. 

Figure 4 illustrates the nature of the record 
that is obtained. The particular graphs shown 
were chosen to illustrate the type of sound decay 
sometimes encountered in practice. It is evident 
the decay, in this instance, is far from ideal and 
that under such conditions, the use of point-to- 
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point measuring equipment is attended by 
severe limitations. 

The arrangement shown in Fig. 3 may also be 
used, in the proper environment, for the deter- 


mination of acoustic absorption coefficients, and ~ 


for response-frequency characteristics of micro- 
phones or loudspeakers, an example of the type 
of data obtained with arrangements of this kind 
being shown in Fig. 5. Furthermore, valuable 
information relative to room acoustics may some- 
times be obtained with an arrangement of this 
kind’ when the frequency of the sound source is 
continuously varied by using the synchronous 
drive described above. By employing the “‘phon’”’ 
potentiometer, the equipment may be used for 
continuous sound level recordings which are auto- 
matically weighted for the exact acoustic levels 
involved. It is believed that this is a unique 
feature of this equipment. 

The measuring assembly is readily applied to 
the determination of the response-frequency 
characteristics of audio-apparatus and systems. 
The input of the equipment under test is con- 
nected to the “‘input’’ section of the attenuator 
panel and adjustments made for the desired 
source or generator impedance and input power- 
level. The output of the device under test is 
connected to the load panel, and the desired load 
impedance selected. 

The output power level at various frequencies 
and for constant input test-tone level is then 
obtained automatically by means of the high- 
speed, power-level recorder or by observing the 
power-level indicator instrument. If automatic 


7E. C. Wente, ‘Principles of Measurements of Room 
Acoustics,’’ J. Soc. Mot. Pict. Eng. 26, 145 (1936). 
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recording is undertaken, the oscillator synchro- 
nous drive mechanism is engaged as already 
described. Automatic response-frequency charac- 
teristics may be obtained in three different time 
intervals, depending upon the recorder paper 
speed selected. The frequency spectrum from 
20 to 17,000 c.p.s. may be covered in approxi- 
mately 3, 15, or 150 seconds, as desired. 

An interesting application of these measuring 
facilities is for the purpose of determining the 
response-frequency characteristic of a portion of 
a broadcasting system, during regular operations, 
without program interruptions. The short silent 
interval between successive programs may, with 
proper coordination, be used for these measure- 
ments since an interval of only 3 or 15 seconds is 
required. Measurements on the 2300 mile CBS 
basic network, extending from New York to 
Chicago via a northern route and returning to 
New York by a southern route were recently 
made during the operating day, with the use of 
this technique. 

Automatic high speed, power-level recordings 
of program material may also be undertaken for 
the purpose of determining signal level, dynamic 
range and signal-to-noise ratios. 


CONCLUSION 


The automatic audio-measuring assembly that 
has been described provides a means of under- 
taking a number of acoustical and audio-meas- 
urements in a manner which, in many respects, is 
superior to that previously employed. In certain 
instances, measurements may be made under cir- 
cumstances which, heretofore, would have proved 
to be insurmountable. 
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New System of Tuning Pianos 


WILLIAM BRAID WHITE 
Acoustic Laboratory, Chicago, Illinois 


(Received October 16, 1938) 


HE review which appears in the current num- 

ber of the Journal (October, 1938) of an 
article in the French magazine Musique et In- 
strumentes, by Jean de Braemaker on what is 
described as a “‘New System of Tuning Pianos,”’ 
has arrested my attention and interest. 

It is well that from time to time experimenters 
should work in the close field of the art of piano- 
tuning, if only that the difficulties of the art and 
the methods that have been worked out for 
coping with them may be better understood. In 
the present case however, it is evident that we are 
dealing with work which is based upon assump- 
tions concerning the nature of the tuner’s culti- 
vated sense of hearing, but which on the other 
hand, no matter how just the assumptions may 
appear to be, does not rest on any serious con- 
sideration of the practical questions that have 
to be answered by the practical professional 
tuner. It would be a pity if any one should gain 
the notion that M. de Braemaker has produced 
a superior method, in point of facility or of 
efficiency. A few observations should make this 
clear. 

M. de Braemaker asserts that his method 
enables a tuner to obtain greater accuracy than 
can be attained by using the ‘‘classical’’ method, 
as he calls it, of tuning by fourths and fifths. In 
reply to this it must be observed that the classical 
method, as it has for many years been practiced 
in the United States and in Great Britain, is not 
a mere tuning of fourths and fifths in a circle, 
as the author seems to imply. It is, on the con- 
trary, an elaborate process of using fourths and 
fifths, tuned to beat rates calculated in advance, 
to set up major and minor thirds, and major and 
minor sixths, the beat rates of which, also calcu- 
lated in advance, are readily heard, and with 
proper practice estimable to a very close degree 
of accuracy. 

Moreover, a method drawn from this, which 
was devised by the late F. W. Hale of Boston and 
by him taught to many hundreds of professional 
tuners, uses the major thirds as the principal 
intervals to be tuned and checks their accuracy 


by fourths and fifths. This system has been much 
praised and is used by many eminent tuners, It 
possesses many advantages and is perhaps more 
readily grasped by the learner. 

M. de Braemaker, on the other hand, Proposes 
a method that not only involves great practical 
difficulties but is, in spite of the undoubtedly 
simpler task of listening to beats in the intervals 
he chooses, practically very awkward, and lends 
itself to the accumulation of small errors. He 
requires a spread of two octaves and a fifth 
over the keyboard, but of the 32 tones in this 
spread he tunes only 24, leaving 8 to be tuned 
after the others have been dealt with, and pre- 
sumably by octaves. 

Moreover, the method proposed by M. de 
Braemaker requires the tuning of octaves in pairs 
ascending and descending, followed by or inter- 
spersed with tunings ascending and descending, 
by tenths, with a few fifths thrown in. On paper 
the scheme looks attractive but it is affected with 
faults that seem to preclude its ever being used 
by professional practitioners of the art. 

In the first place, it has been long the opinion 
of the best tuners that the first “laying the bear- 
ings’’ should be compressed into as small a span 
of the keyboard as possible, into a single octave if 
that can be managed. In the ‘‘classical’’ system, 
described by Harker and by the present writer 
recently in the Journal, this is accomplished. 

Secondly any system that requires the tuning 
of successive octave intervals, as from A 49 to 
A 37 and then to A 25, involves the tuner at once 
in grave difficulties. Beatless octaves can only be 
assured when minor third and major sixth com- 
plementary tests are available, and even then the 
probable error is much more likely to be dis- 
turbingly large than when intervals that must 
show a beat rate are used. 

Thirdly, tuning by tenths is extremely awk- 
ward, owing to the long stretches required on the 
keyboard. 

Fourthly, the Braemaker system requires that 
the tuner shall jump from octaves to tenths, and 
from octaves to fifths, up and down the keyboard, 
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in such order that he is unable to compare in suc- 
cession beat rates very close to each other, 
as the conventional system allows and in fact 
encourages. : 

Fifthly, the author of the new method seems 
to be doubtful as to just how he desires to have 
the fifths tuned, even the few that he uses. The 
reviewers have here corrected his looseness, but 
even so it is extremely difficult to see any practi- 
cal good sense in giving the tuner such an 
interval as the fifth A 49—E 56 which is, by 
reason of the high frequencies involved, almost 
impossible to handle decisively to a proper degree 
of accuracy, especially when it has been isolated 
from surrounding intervals of the same order 
that might have been used as checks. 

Sixthly, the very long spread takes the tuner, 
while he is doing the foundation work, which 
must be as accurate as is humanly possible, into 
regions below and above middle C where the 
difficulties of hearing beat rates or absence of 
beats are serious, militating against what, in the 
nature of the case, should be the most accurate 
part of the whole work. 


Lastly, the author’s condemnation of the 
practice of ‘“‘stretching”’ octaves above and below 
the middle region of the pianoforte implies that 
he is probably not a professional tuner, for pro- 
fessional tuners have learned by experience that 
the general musical ear demands this treatment, 
on pain otherwise of estimating the octave tuning 
as “‘flat” or “sharp.” The very best practice, by 
men accustomed to tune pianofortes for the 
concert stage, not only condones but encourages 
this method of tuning the high and the low 
octaves. It might be added that players of all 
stringed instruments tend to do their moment- 
to-moment tuning, while they are playing, in just 
this way. 

The conclusion is inevitable from these con- 
siderations that the Braemaker system brings 
nothing to the art of tuning likely to improve 
either theory or practice. The present writer has 
of course based these observations upon tests 
made at the piano, with tuning hammer and 
wedges, and with every effort to follow out 
exactly the directions given by the author of 
the ‘‘new method of tuning pianos.” 
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Acoustical Society News 


CAMBRIDGE MEETING 


HE meeting of the Acoustical Society at Harvard 
University, November 18-19, was well attended and 
successful. Twenty-five papers were presented as shown 
by the program printed in this issue of the Journal. These 
papers were secured largely through the energetic efforts 
of the committee: F. V. Hunt of Harvard University, 
W. M. Hall of the Massachusetts Institute of Technology 
and W. N. Tuttle of the General Radio Company. 
The local (Cambridge) institutions that cooperated in 
behalf of the meeting were the Physics Department and 
Medical College of Harvard University, the Massachu- 


setts Institute of Technology and the General Radio 
Company. The dinner on Friday evening was attended 
by 76 guests who listened to an interesting informal 
address by Dr. Hallowell Davis in which he compared the 
performance of the ear with that of the eye. The next 
meetings of the Society will be held as follows: in New York 
City, May 15-16, 1939; in the Fall of 1939 at the Uni. 
versity of Iowa; in the Spring of 1940 at Washington, D. ¢. 
Dates for the last two meetings will be published in a later 
issue of the Journal. The Society has 697 members at 
present, as reported by secretary Waterfall. 


THE TENTH ANNIVERSARY MEETING 


New York, May 15-16, 1939 


EMBERS and friends of the Acoustical Society are 

cordially invited to attend the Tenth Anniversary 
Meeting of the Society in New York, May 15 and 16, 
1939. At that time ten years will have passed since the 
formation of the Society. Throughout the period the 
Society has remained a solvent organization, and has 
grown from an initial membership of 460 to a peak of 792 
in 1932. The membership dipped to 635 in 1935 and has 
since advanced to the present membership of 697. Meetings 
have been held semiannually, and the Journal has been 
published quarterly. In these years, important advances 
have been made in acoustics, advances in which the Society 
and its members have played conspicuous parts. This is 
a record to be proud of, and it is fitting and proper that this 
initial ten-year period be commemorated at the next 
meeting. 


A committee, composed of E. E. Free, G. M. Nixon and 
J. C. Steinberg (Chairman), is responsible for the arrange- 
ments of the Anniversary Meeting. The chief desire of the 
Committee in this matter is to serve the members, and 
with their cooperation, properly to close the present decade 
and initiate the next ten years in the Society’s affairs. 


One of the features planned for the meeting is a round 
table discussion of the measurement of absorption coeffi- 
cients and their practical application. The round table will 
be conducted by leading authorities in this field, and an 
opportunity will be provided for those attending the 
meeting to take part in the discussion. Another feature is a 
luncheon to the first officers of the Society, where it is 


hoped that some of the incidents, both serious and less 
serious, in the Society’s formation, may be reviewed. A 
third feature is an anniversary session entitled ‘“‘Then and 
Now,” in which the various fields of acoustics will pass in 
review. Other features are under consideration, and the 
Committee will be glad to receive suggestions from mem- 
bers on additional items for the program. 


The meeting of the Society has been set two weeks later 
than usual in order that the New York World’s Fair, which 
opens April 30th, may be in full swing for those who wish 
to combine the Anniversary Meeting with a visit to the 
Fair. Special arrangements will be made for members to 
visit the Fair’s acoustical exhibits, and entertainment will 
be arranged for the wives of attending members and their 
guests during the meetings. 


All members planning to present papers at the meeting 
should notify the Chairman of the Committee at once, and 
abstracts (two copies) should be sent in before March 15th. 
It is the desire of the Committee that members contribute 
papers, and that a place for every paper be found on the 
program, but as the meeting time is limited, it may be 
necessary to select papers in the order of their receipt. 
The cooperation of the members in this respect will 
facilitate greatly the arranging of the program. 


The Hotel Pennsylvania has been selected as headquar- 
ters for the meeting, and each member will receive a card 
for reservations in a few days. To be sure of hotel accom- 
modations in New York next May, reservations should 
be made as soon as possible. 
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Book Reviews 


Decibels and Phons, a Musical Analogy. Li. S. Lioyp. 
Pp. 18. Oxford University Press, 1938. Price 50 cents. 

This little pamphlet sets forth the relation between 
decibels and phons, with an instructive comparison with 
the musical scale. The author uses the convention that the 
decibel scale of loudness levels for a pure sound of 1000 
cycles per second used by physicists in measuring sound 
is identical numerically with the phon scale used to express 
the hearing sensation. That is, a sound of 60 decibels 
above zero in the loudness level scale is 60 phons above 
zero on the hearing scale; also, 60 decibels is 20 decibels 
higher in the loudness level scale than 40 decibels; anal- 
ogously, 60 phons is 20 phons above a sound of 40 phons. 
This relation is true only for the 1000 cycle sound, but 
sounds of higher and lower pitch than 1000 cycles have 
an “equivalent loudness” in phons. A sound of 60 phons is 
not twice as loud as a sound of 30 phons; experiments show 
that a sound 10 phons above another is approximately 
twice as loud. 

For musicians, an analogy is shown between the pitches 
of tones in the musical scale and decibels (and phons), 
For example the tone E that is a major third above the 
note C is 5/4, or 1.25, more than the pitch of C, an increase 
of 25 percent. In comparison, one sound is 1 decibel (or 1 
phon) greater than another sound in the loudness level 
scale if it is 26 percent greater. Therefore, a major third 
corresponds numerically to one phon very nearly. A note 
an octave above C would correspond to 3 decibels, or 3 
phons. This analogy allows musicians to get a conception 
of the phon scale without using the usual mathematical 
explanation with logarithms. 

The preceding illustrations indicate the trend of the 
discussion set forth by Professor Lloyd; the details are 
left for the interested reader, 

F. R. Watson 
University of Illinois 


The Psychology of Music. Cart E. SEASHORE. Pp. 408. 
McGraw-Hill Book Company, New York, 1938. Price 
$4.00. 

In the Preface, Dr. Seashore states: ‘‘I am writing as a 
spokesman for my comrades in research, professors and 
students, for the last forty years, attempting to present in 
high lights the new approaches developed during this 
period.” Information is drawn from over one hundred 
publications written by the group of investigators. Since 
“the purpose of the book is to stimulate and guide the 
student of music in scientific observation and reasoning 
about his art,” no attempt is made to give a summary of 
all the known facts on any subject, but rather “‘a series 
of flashes illustrating the scientific approach.” 

Any review of this book should take into account the 
differences of opinion that have existed for some decades 
between musicians and scientists. Some musicians resent 
any scientific study of music, contending that music is 
the natural expression of esthetic ideals, and that no 
science is necessary. On the other hand, some scientists 


regard music as a natural scientific domain, and do not 
hesitate to explore it and to express dogmatic opinions 
about their results. Professor Seashore, because of his 
compelling interest in both domains, has labored all these 
years to harmonize these differences, not only to find the 
scientific basis of music, but also to ascertain how his 
findings may be utilized advantageously to improve the 
production of music. 

As a lover of music, Professor Seashore writes: ‘‘Music 
is the medium through which we express our feelings of 
joy and sorrow, love and patriotism, penitence and praise. 
It is the charm of the soul, the instrument that lifts mind 
to higher regions, the gateway into the realms of imagina- 
tion. It makes the eye to sparkle, the pulse to beat more 
quickly. It causes emotions to pass over our being like 
waves over the far-reaching sea.”’ Concerning the scientific 
study of music, the following statements may be quoted: 
“As a fundamental proposition we may say that the 
artistic expression of feeling in music consists in esthetic 
deviation from the regular—from pure tone, true pitch, 
even dynamics, metronomic time, rigid rhythms, etc. All 
of these deviations can be measured so that we can now 
compare singers quantitatively in terms of their use of a 
particular one of the countless devices for deviating from 
the regular or rigid, including also adherence to the regular 
as a means of expressing emotion in music.’’ These two 
statements (and many others) illustrate Professor Sea- 
shore’s twofold object in this work. 

Since the book summarizes the results of over a hundred 
investigations, a brief book review can only outline the 
work, leaving the details for the interested reader. The 
book has twenty-eight chapters dealing with the following 
wide range of subjects,—the physical properties of sound, 
discussions of various musical instruments, the perform- 
ance of the voice in singing with particular studies on the 
training of musical talent. There is a bibliography with six 
pages of references, an index giving authors, musicians, 
compositions and subjects. 

Although discussions of the many subjects in the book 
are not contemplated in this review, some mention should 
be made of the vibrato, since an extensive study was made 
of this property and two books were published giving the 
results found. It is defined as follows: “A good vibrato 
is a pulsation of pitch, usually accompanied with syn- 
chronous pulsations of loudness and timbre, of such extent 
and rate as to give a pleasing flexibility, tenderness, and 
richness to the tone.’’ An investigation of the performances 
of twenty-nine artists shows that the extent of the pitch 
vibrato is 0.48 of a tone, while the rapidity of the vibrato 
is 6.6 fluctuations per second. The intensity vibrato is of 
secondary importance in comparison with the pitch vi- 
brato; its rate of pulsation tends to coincide with the pitch 
pulsations; its extent averages 3.3 decibels and is quite 
irregular. The timbre vibrato is a periodic change in the 
harmonic structure of a complex tone, and is ordinarily 
of such magnitude as to make it distinctly audible to the 
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critical ear. Both the intensity and pitch vibrato are under- 
estimated in hearing, and not detected by many listeners. 
A number of diagrams illustrate vocal and instrumental 
vibratos. For example, an inspection of the diagram for 
Tibbett’s ‘‘Drink to Me only with Thine Eyes,” allows 
one to visualize the song and almost sing it from the 
“vibrato score’ given. The statement is made that “all 
recognized professional singers sing with a pitch vibrato 
in about 95 percent or more of their tones. Successful 
voice students and well-trained amateurs exhibit the 
vibrato about as do recognized artists. Primitive peoples, 
such as the uneducated Negro or the Indian, exhibit the 
vibrato in acceptable form when singing with genuine 
feeling. The vibrato may appear early in childhood, as 
soon as the child begins to sing naturally and with genuine 
feeling.” Professor Seashore states: ‘The vibrato is the 
most systematic, natural and essential of musical orna- 
ments,” and he gives suggestions for training students by 
which this desirable quality may be acquired. He con- 
cludes with these remarks: ‘‘an ideal vibrato which can 
be gradually developed through musical criticism and 
musical education will probably be smooth in variations 
of rate and extent, will have a cycle which approaches 
the perfect sine curve, will probably be one cycle per 
second faster than the present, will have a higher artistic 
variability, will be adapted to solo and ensemble per- 
formances, will have a pitch extent of approximately one- 


half of the present average for voice, and will probably 
be present in all tones and transitions except where the 
nonvibrato is used for specific effects. If this should come 
true, largely as the result of scientific investigations, one 
might well ask, ‘What is it worth?’ And this question we 
can answer only by asking another question: How much 
sweeter would music be to the listener?” 

The rather detailed discussion of the vibrato just given 
indicates the general nature of the other investigations, 
For forty years, Professor Seashore and his associates 
have made a study of music, analyzing the recorded per- 
formances of recognized artists, and securing the participa- 
tion of interested musicians in scientific tests, all with the 
purpose of improving musical technique rendition, He 
concludes the book with this statement: “The interaction 
of the artist and the scientist creates new situations, asks 
new questions, and promises new solutions. While it js 
hoped that the scientific approach to music may be pro- 
ductive of a great enrichment of our understanding and 
control of the power of music, it is equally true that the 
creative work of the musician and the enlightening inter- 
pretation and critical observation of the practice of the 
art will contribute greatly to the resources of science and 
will reverberate deeply in our philosophy and attitude 
toward life.” 

F. R. Watson 
University of Illinois 
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Current Publications on Acoustics 


F. A, FIRESTONE 
147 East Physics Building, University of Michigan, Ann Arbor, Michigan 


Reviews of Contemporary Papers 


EMBERS who have occasion to translate important papers from foreign journals will be 
doing a real service to those members who do not read the foreign languages easily, if they 
will prepare a review of such articles for publication in this section, 

These reviews should be of the nature of a lengthy abstract (500 to 1500 words) rather than a 
critique or appraisal, and should attempt to set forth in this limited space as much of the original 
author’s contribution as possible. One or two figures may be included if desired. 

To avoid duplication of effort it is desirable to arrange with the office of this department before 


writing a review. 





The Determination of the Absorption Coefficient for 
Oblique Sound Incidence. K. ScuusteEr, Akustische Zeits. 
3, 137 (1938).—For the particular angles of incidence of 
45° and 55° the absorption coefficient of any material 
may be determined, in a relatively small physical space, 
by sound field measurements near the absorbing wall. 
Experimentally, two sheets of the absorbing material 
under test are placed together at right angles and a sound 
beam propagated along the bisector of the angle and at 
right angles to the intersecting edge. If we let r be the 
reflection coefficient and @ the phase change on reflection, 
then the sound field can be represented! by four forward- 
moving sound trains: first, the incident train, A, then two 
wave trains moving perpendicular to the incident train 
and having an amplitude of B=Arie®, and a fourth 
moving contrary to A with an amplitude C=Are*!®, The 
velocity potential along the direction of propagation, 
except for a constant, is 


b=ekS 4 AyheiO 4 peribg—ik S 
where kR=w/c, and S is the distance of the wave front 
from the intersecting edge. The sound pressure amplitude is 
P=1+7r+2ri cos (kS—@) 
and Smet y= (tr)! 
Pmin 1—ri} © 


One can thereby determine the reflection coefficient from 
the measured value of v. However, more satisfactory 
measurements can be made through the use of a pressure 





Fic. 1. Curve of pressure 
gradient along the diagonal of 
the cube. 


is 


A 3 ns 
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Fic. 2. Apparatus for measuring the absorption coefficient by the 


comparison method. 


gradient microphone. The wave pressure gradient along 
the S direction, except for a constant, is: 


U=(1+r?—2r cos [2(kS—6) ])} 


and Dae ptt! 


Umax i-r 

In order to measure the absorption coefficient at an 
angle of incidence of 55 degrees, we must use three sheets 
of the material placed together to form a corner of a cube 
and propagate the incident wave along the diagonal into 
the corner. The total wave field now consists of eight 
forward traveling wave trains and the pressure and ve- 
locity potential can be represented in the same manner as 


before. For this case, we obtain for v 
1+ri\3 
v= (—"). 
The amplitude U of the pressure gradient in the S direc- 
tion is 
U2=(14+r+r+r)+2ri(1—r+r) cos [3(kS— 36) ] 
—2r(1+r) cos [(4/3)(kS— 30) ]—2r! cos [(6/3)(RS— 38) }. 
Fig. 1 shows a graph of U vs. (ks— 30) for r=0.25. 


The ratio of the deeper minimum to the smaller mini- 
mum is 





1+r} 


v=——. 
1—r} 


2. A comparison method? of determining absorption 
coefficients is also suggested, using the experimental set-up 
shown in Fig. 2. C is the absorbing material and EF a 
rigid wall. A is a comparison impedance and B is an 
exponential horn whose diameter of opening is large in 
comparison to the wave-length used.—L." BeRANEK 


1K. Schuster and E. Waetzmann, Ann. d. Physik 5, 671 (1929). 
2 K. Schuster, Physik. Zeits. 35, 408 (1934); Elektr. Nachr.-Techn. 
13, 164 (1936). 
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References to Contemporary Papers on Acoustics 


OST of the titles of papers appearing in other languages than English have been translated: 

the clue as to the language in which the article is written can usually be found by noting the 

name of the journal in which it appears. Abstracts in English of many foreign papers have ap- 
peared or soon will appear in Science Abstracts, Section A, Where references are made to Science 
Abstracts, the reference is to the volume number and abstract number. The abbreviations of the 
names of journals are those used in Science Abstracts and can be found in any annual index to 


those abstracts. 


The numbers appearing at the head of each entry are the numbers which identify the subject 
headings in the Cumulative Index of this journal which is to appear soon. 


Compiled with the generous assistance of F. E. Orton, Physics Librarian, University of Michigan. 





2. ARCHITECTURAL ACOUSTICS 


New Results in Room and Building Acoustics. 
K. Scuuster. V.D.I. 82, 921-7 (1938). 

Proposed Buildings; Mobile Walls and Ceilings 
Make Precision Instrument of Theater. Arch. Rec. 
84, 55 (1938). 

Auditorium Acoustics and Intelligibility. R. VER- 
MEULEN. Philips Techn. Rev. 3, 139-145 (1938): 
Sc. Abs. B41, 2549 (1938). 

Auditorium Acoustics and Reverberation. A. T. 
vAN URK. Philips Techn. Rev. 3, 65-73 (1938): Sc. 
Abs. B41, 2548 (1938). 

Theater Acoustics. C. C. Potwin. Arch. Rev. 84, 
118-119 (1938). 

Princeton Playhouse, Princeton, N. J. Acoustic 
Analysis. C. C. Potwin, Arch. Rec. 84, 102-104 
(1938). 

Measurement of Reverberation in Radio and Cinema 
Studios. A. BrELusicr AND O. RoMAN. Soc. Roumaine 
de Physique 39.71, 23-39 (1938): Sc. Abs. B41, 2837 
(1938). 

The Acoustical Treatment of a Shooting Gallery. 
GERHARD BUCHMANN AND LuwiG KEIDEL. Akust. 
Zeits. 3, 216-217 (1938). 

Sound Deadening; A Simple Method for Assessing 
the Effectiveness of Damping Materials. A. P. 
CoNSTANTINE. Automobile Eng. 28, 345-346 (1938). 
Measurement of Reverberation Time and Sound 
Intensity by Fluxmeter. R. FLEUERENT AND M. 
BEAUVILAIN. Comptes Rendus 206, 895-897 (1938): 
Sc. Abs. B41, 2064 (1938). 

Sound Deadening Paint for Duct Linings. Sheet 
Metal Worker 29, 26 (1938). 

Sound and Noise Insulation. G. W. C. KAYE, 
J. Sci. Instruments 15, 185-190 (1938): Sc. Abs. 
B41, 2357 (1938). 

Acoustical Insulation Afforded by Double Partitions 
Constructed from Dissimilar Components. J. E. R. 
ConsTABLE. Phil. Mag. 26, 253-259 (1938): Sc. 
Abs. B41, 2839 (1938). 

Acoustical Insulation Afforded by Double Partitions 
Constructed from Dissimilar Components. J. E. 
ConsTABLE. Phil. Mag. 26, 253-259 (1938). 
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The Transmission of Sound Between Metallic Par. 
titions. L. RENAULT. Rev. d’Acoustique 6, 69-10{ 
(1937): Physikalische Berichte 19, 1790 (1938). 


4. EAR AND HEARING 


Influence of Acoustic Stimuli upon the Limits of 
Visual Fields for Different Colors. P. A. YAKovieEy. 
J. O. S. A. 28, 286-289 (1938). 

A. S. A. Committee Asks Comment on Standards for 
Audiometers. Ind. Standardization. 9, 151 (1938). 
A Method of Investigating Electrical Hearing Appa- 
paratus. V. THoRSEN. Akust. Zeits. 3, 218-224 (1938). 
Scale of Loudness. K. W. WAGNER. Wireless Eng. 
15, 533-534 (1938). 


5. INSTRUMENTS AND APPARATUS. APPLIED ACOUSTICS 


5.1 


5.1 


5.4 


5.4 


5.7 


5.8 


5.8 


5.8 


252 


Sound Effects Machine with High Impedance Mix- 
ing. M. J. WEINER. Electronics 11, 56 (1938). 
Observation and Measurement with a New Appa- 
ratus for Sound Synthesis. SIEGFRIED NAHRGANG. 
Akust. Zeits. 3, 284-301 (1938). 

Optical Harmonic Analyzer; Its Use in Sound Re- 
cording on Photographic Film. H. C. MontTGomery. 
Bell System Tech. J. 17, 406-415 (1938). 

Modified Form of Phonodeik. J. E>MoND SHRADER. 
Am. Phys. Teacher 6, 269-271 (1938). 

The Application of the Pitch Recorder to Mathe- 
matical, Phonetic, and Musical Problems. M. 
GrUTZMACHER AND W. LoTTERMOsER. Akust. Zeits. 
3, 183-196 (1938). 

Horn Type Loudspeakers—Quantitative Discussion 
of Some Fundamental Requirements in Their De- 
sign. F. Massa. I. R. E., Proc. 26, 720-733 (1938): 
Sc. Abs. B41, 2551 (1938). 

How far Does the Study of a Loudspeaker in Steady 
State Conditions Allow Prediction of Its Behavior in 
Transient Conditions? P. Davin. Onde Elec. 17, 
309-319 (1938): Sc. Abs. B41, 2842 (1938). 
Impedance of the Voice Coil of a Loudspeaker. 
J. B. Rupp. A. W. A. Techn. Rev. 3, 100-112 (1938): 
Sc. Abs. B41, 2067 (1938). 
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REFERENCES TO CONTEMPORARY PAPERS 


5.9 Research on the Construction of Suitable Vibration 
Measuring Instruments for Locomotives and Air- 
planes. F. I. Metster. Akust. Zeits. 3, 271-283 
(1938). 

5.9 Resistance and Sensitivity Measurement in the 
Carbon Microphone. E. WAETZMANN AND O. GIGLING. 
Akust. Zeits. 3, 169-175 (1938). 

5.9 Sensitivity at Different Frequencies of a Spherical 
Model of a Pressure Gradient Microphone. J. DE 
Boer. Physica 5, 545-552 (1938). 

5.9 The Surface Preparation of Granular Carbon and 
Graphite. E. WAETZMANN AND Tu. Scuipt, Akust. 
Zeits. 3, 176-180 (1938). 

5.9 Vacuum Oven for Research upon Carbon Samples. 
THEODOR ScuMipT. Akust. Zeits. 3, 181-182 (1938). 

5.15 Automatic Measurement of Atmospheric Noise. 
K. MAEDA AND H. Yokoyama. Radio Res., Japan, 
Report 7, 153-157 (1937): Sc. Abs. B41, 2550 
(1938). 

5.15 Objective Noise Meter for the Measurement of 
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Program of the Twentieth Meeting of the Acoustical Society of America 


Harvard University, Cambridge, Massachusetts 


FRIDAY, NOVEMBER 18, 1938, 10:00 A.M. 


Jefferson Physical Laboratory, Room 250 


1. On the Auditory Significance of the Term Hearing 
Loss. J. C. STEINBERG AND M. B. GarpneR, Bell Telephone 
Laboratories. (15 min.)—For a number of years hearing 
impairment has been expressed by the audiogram, which 
is a measure of the hearing loss for sounds which are just 
audible to the deafened ear, with the implication that 
impairment for threshold sounds indicates the impairment 
for sounds above threshold in the range of interest to the 
deafened. It is shown that the audiogram is not an accurate 
indication of hearing impairment for above threshold 
sounds in cases involving nerve deafness, when the loss in 
loudness sensation is taken as the criterion; but when the 
capacity to interpret speech sounds, as indicated by 
articulation tests, is the criterion, the audiogram does give 
an approximately correct indication of the hearing impair- 
ment. The relation of the audiogram to experiences in 
interpreting the speech of everyday life and the relation 
of hearing loss to absolute ear sensitivity are given. 


2. A Study of the Pure Cochlear Microphonic in the Cat. 
A. F. Rawpon-SMitH, University of Cambridge, J. E. 
HAWKINS, JR., AND M. H. Lurie, Harvard Medical School. 
(15 min.)—The cochlear response was studied in a cat 
whose cochlea has been denervated by an operation in 
which the auditory nerve was crushed intracranially. 
Five weeks were allowed for degeneration of the nerve 
fibers. By means of suitable tests those components of 
the electrical response to auditory stimuli which in the 
normal animal are due to action potentials of the auditory 
nerve were shown to be absent. The response was otherwise 
unaffected: the threshold contour (“electrical audiogram”’) 
corresponded closely to that of the normal animal over a 
range of frequencies from 50 to 10,000 cycles, and the 
maximal voltage developed as a result of stimulation at 
high intensity was normal. Four equal-response contours 
were obtained, showing the intensity of stimulation 
required to produce responses of constant voltage at 
different frequencies. These are approximately parallel to 
one another and to the threshold curve. Complete elimi- 
nation of nerve action potentials enabled us to make for 
the first time an analysis of the harmonic content of the 
pure cochlear microphonic in response to stimulation at 
low frequency. The increase in the intensity of the har- 
monic components with increasing intensity of stimulation 
at frequencies of 200 and 1000 cycles was recorded. On 
the basis of these observations the influence of the action 
potentials of the auditory nerve on the harmonic content 
of the response in the normal animal is discussed. The 
results of microscopic study of the denervated cochlea 
are reported. 


3. The Relation of Pitch to the Duration of a Tone. 
S. S. StEvENs, Harvard University, AND A. G. EKDAHL, 
University of New Hampshire. (15 min.)—The traditional 
problem as to the number of complete cycles required for 
a short tone to give rise to the perception of a definite 
pitch can not be answered by a single figure. As the 
duration of a tone is shortened, several changes occur: 
the apparent pitch of the tone becomes lower, the uncer- 
tainty of the pitch becomes gradually greater, and the 
sensation comes more and more to resemble a “‘toneless”’ 
click. It can be demonstrated, however, that even when, 
to casual observation, nothing remains but a click the 
click is not entirely ‘‘pitchless.’”” Tones lose their pitch 
gradually, not abruptly, as their duration is shortened, 
and it appears that as long as any sound remains we can, 
within certain limits, assign a pitch to it. 


4. An Investigation of Auditory Fatigue, Especially as 
Applied to the Determination of Subjective Harmonics. 
R. H. NicHoits AND F. A. FIRESTONE, University of 
Michigan.—An investigation has been made of the pattern 
of fatigue effect (shift in minimum audible threshold) 
against frequency for a very pure 202 c.p.s. fatiguing tone, 
for three observers. The fatiguing tone was sounded for 
about 2 seconds at levels of from 85 db to 116 db about 
0.0002 dyne/cm?, and a short test tone was used to de- 
termine the threshold at various frequencies, within from 
0.15 sec. to about 0.7 sec. after cutting off the fatiguing 
tone. Special attention was paid to the frequency region 
around 404 c.p.s. in an effort to determine whether excess 
fatigue might be caused by the subjective second harmonic. 
Considerable variability of results among the three ob- 
servers was found, although each of the three was con- 
sistent in his own results. Two observers gave essentially 
a constant fatigue effect for the fatiguing frequency and 
higher frequencies over the range tested. The third 
observer shows a pronounced peak in fatigue effect at the 
fatiguing frequency (202 c.p.s.), and some indication of a 
peak at the second harmonic of the fatiguing frequency 
(404 c.p.s.). This observer is being tested further to 
determine whether the peak at 404 c.p.s. is due to sub- 
jective harmonic or to his minimum audible threshold 
characteristic. 


5. Masking and the Perception of a Series of Succes- 
sively Prominent Partials in a Vocal Sound. Don LEwis 
AND W. H. Licute, State University of Iowa. (15 min.)— 
At the last meeting of the Society, we presented a paper 
dealing with a vocal sound of short duration and of 
essentially constant pitch and loudness whose upper 
partials (three to seven, inclusive) became successively 
and individually prominent during the course of the sound. 
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There was no way of knowing, at the time of the previous 
report, whether or not masking effects were of any im- 
portance in determining how the sound was heard. Data 
have recently been secured on the masked absolute 
thresholds of each of the five crucial partials for the 
periods immediately preceding and immediately succeeding 
the period during which it was heard as prominent. 
Although the threshold measurements were made indirectly 
(that is, in relation to similar complex sounds produced 
with a multi-harmonic generator), the obtained values 
are believed to be approximate measures of the masking 
introduced by the vocal sound. Masking was by no means 
negligible; but only the fifth partial was found to be below 
its masked absolute threshold. It has been concluded, 
therefore, that any one of the partials, except the fifth, 
could have been heard individually during periods proxi- 
mate to its period of prominence if attention had somehow 
been focused upon it. Possible limitations with respect to 
this conclusion are apparent in view of data on the typical 
magnitude of masked differential thresholds. However, 
there is little reason for doubting that attentional factors 
played a predominant role in determining the manner of 
perceiving the successively prominent partials. 


6. Present-Day Preferences for Certain Melodic Inter- 
vals in the Natural, Equal-Tempered and Pythagorean 
Scales. A. SMALL, State University of Iowa. (15 min.)— 
The chromatic steps of a piano from F: to C4 were tuned 
successively to natural, equal-tempered and Pythagorean 
scale values. With each tuning a phonograph record was 
made of certain melodic and harmonic intervals in the 
major scale. This preliminary report presents the expressed 
preferences of a group of observers for the ascending and 
descending forms of the melodic major third (on C) and 
diminished fifth (on B) as given by these three tunings. 
A paired-comparison technique was employed in obtaining 
judgments. 
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7. Progress Report on Violin Research. F. A. SAUNDERs 
Harvard University. (15 min.)—In continuation of work 
previously reported several items of progress May be 
mentioned. The effect of the air-body on the tone has been 
studied by three methods, which agree in showing that 
the air-body makes no considerable contribution to the 
tone except at the frequency of its fundamental vibration, 
The effect of the varnish has been studied on one instrument 
with results confirming those of Meinel; adding the varnish 
makes no important change in the response curve and 
only 1.5 percent change in the weight. The varnish slightly 
increases the damping for high tones. Changes in atmos. 
pheric humidity such as are usually encountered (20 to 
70 percent) alter the weight of a violin by only 2 percent 
and do not affect any of its dimensions materially excepting 
its thickness near the bridge. This alters the stresses near 
the sound post and causes minor changes in the natural 
responses. The vibrations of the bridge have been studied 
by Minnaert. We are finding that the dimensions of those 
parts of the bridge which transmit vibrations from the 
strings to the feet are important and must be considered 
in addition to the mass of the bridge as a whole. Unsym- 
metrical loading of the bridge affects most the energy of 
those vibrations entering the body via the loaded part. 
Changes in the tension in the strings when symmet- 
rical do not seem to alter the frequency of the natural 
responses, but when they are unsymmetrical the peaks 
are shifted. Transient effects in the growth or decay of a 
violin tone are being studied. The phases of harmonics 
with reference to the fundamental are found to change in 
a complicated way which deserves further examination, 
Oscillations of energy between string and body sometimes 
occur while the sound is decaying. The damping of the 
air-body can be measured, and that of some of the main 
body-resonant tones may be found. The damping of high 
harmonics is much more than that of the fundamental. 


FRIDAY, NOVEMBER 18, 1938, 2:15 P.M. 


Jefferson Physical Laboratory, Room 250 


8. Some Measurements on a Hyperbolic Horn. V. 
SaLMon, Massachusetts Institute of Technology. (10 min.)— 
The coordinate system consisting of confocal ellipsoids 
and hyperboloids of one sheet yields a wave equation 
which may be separated. The resulting functions have 
been practically completely evaluated by Freehafer in 
some unpublished work at M.I.T. Rough experimental 
verification has been obtained for the amplitude and phase 
of the pressure field in a horn whose longitudinal section 
is a hyperbola with asymptotes 15° from the axis. A Hall 
type miniature condenser microphone was used; and the 
horn was terminated in the one bare wall of an otherwise 
well absorbing room. Because of the finiteness of the 6’ 


horn and incomplete absorption in the room at the lower 
frequencies, many irregularities are present in the field, 
but the essential features were found to have been cor- 
rectly predicted. Transmission coefficient measurements 
are in progress, using electrical, acoustical and graphical 
means. 


9. Multiple Coil, Multiple Cone Loudspeaker. Harry F. 
Otson, RCA Manufacturing Company. (20 min.)—A 
consideration of the direct radiator loudspeaker shows 
that to obtain uniform response, relatively high efficiency 
and adequate power handling capacity over a wide range 
requires a large diameter, rugged diaphragm and heavy 
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coil at the lower frequencies and a relatively light weight 
vibrating system at the higher frequencies. This paper 
describes a number of direct radiator loudspeaker systems 
which satisfy these requirements: the double coil, single 
cone loudspeaker; the single coil, multiple cone loud- 
speaker; the double coil, double cone loudspeaker; the 
multiple coil, multiple cone loudspeaker. 


10. Notes on Electroacoustic Feedback Systems. H. S. 
KnowLEs, Jensen Radio Mfg. Company. (20 min.)—The 
use of feedback in the electrical portion of an electro- 
acoustic system permits the electrical source impedance 
to be controlled over wide limits. Proper control of the 
source impedance necessitates a knowledge of the normal 
impedance of the loudspeaker in the system. Calculated 
and experimentally determined values of the normal 
impedance of common types of loudspeakers are given. 
Some of the effects of feedback from the electrical, me- 
chanical and acoustical meshes on the steady state and 
transient behavior of systems are discussed. 


11. The Degenerative Sound Analyzer.* H. H. Scott, 
General Radio Company. (15 min.)—The principle of 
inverse feedback, or degeneration, has been applied to 
the problem of obtaining sharply selective circuits which 
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do not require any inductances whatsoever and which 
may be tuned by merely varying resistances. Such circuits 
have been applied to many applications, such as oscillators 
and selective amplifiers for bridge measurements. Of 
particular interest is a new sound analyzer working on 
these principles. An important characteristic of the new 
analyzer is that the selectivity curve or band width 
remains a constant-percentage function of the frequency 
to which the device is tuned. For sound analysis this has 
many important advantages. Other desirable character- 
istics of the analyzer are its light weight and small size 
as compared to most other types of analyzers. A further 
refinement is the logarithmic vacuum tube voltmeter, 
which allows inclusion of the complete range on a single 
meter scale, thus making multipliers unnecessary. Ana- 
lyzers of this sort have been found useful in many applica- 
tions involving sound and vibration. Among the many 
problems on which the analyzer has been used are included 
noises made by such varied devices as watt-hour meters, 
fans, airplane motors, and typewriters. The unusual 
selectivity characteristics of this analyzer make it suitable 
for many applications where other types of analyzers 
have proved unsatisfactory. 


* The presentation will include a brief demonstration. 


FRIDAY, NOVEMBER 18, 1938, 4:00-5:30 p.m. 


Tea will be served in the Research Laboratory of Physics, Room 330. 


Visits to local laboratories. 


FRIDAY, NOVEMBER 18, 1938, 7:00 p.m. 


Acoustical Society Dinner at the Continental Hotel 


The cost will be $1.50 a plate. After the dinner Dr. Hallowell Davis 
will speak on “Reflections on the Physiology of Hearing.” 


SATURDAY, NOVEMBER 19, 1938, 9:30 A.M. 


Jefferson Physical Laboratory, Room 250 


12. Comparison of Sound Absorption Coefficients Ob- 
tained Experimentally by Different Methods. F. J. 
WitLic, University of Illinois. (15 min.)—Coefficients of 
absorption were obtained out of doors by comparing the 
sound reflected from a sample with that reflected from a 
perfect reflector, using a miniature pressure-gradient con- 
denser microphone for the measurements. The micro- 
phone,! whose directional qualities are very sharp, was 
placed so it was insensitive to the incident sound. Coeffi- 


cients were obtained at several frequencies and for angles 
of incidence varying from 15° to 75°. These values fit the 


theoretical curve: 


“ia ‘& cos one! 
= Zo COS 0+ poc. 


very closely. Normal incidence coefficients obtained by 
extrapolation of these values agree very well with coeffi- 
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cients obtained from standing wave measurements in a 
tube. Values of a averaged over all angles of incidence are 
compared with coefficients obtained in a reverberation 
room using a high speed level recorder. 


1F,. J. Willig, ‘‘A Miniature Directional Condenser Microphone for 
Acoustic Measurements,”’ J. Acous. Soc. Am. 10, 85 (1938). 
2 Morse, Vibration and Sound, p. 304. 


13. The Multitone.* W. L. Barrow, Massachuseits 
Institute of Technology —A sound source which has been 
termed a “multitone” for space-acoustic measurements is 
described that provides a plurality of equi-amplitude tones 
spaced equally in frequency over a given frequency band. 
Disk recordings are employed to secure a series of multi- 
tones of different mean frequencies but of constant ratio 
of band width to mean frequency. 


* Twenty-five minutes allowed for papers 13 and 14. 


14. Reverberation Time Meter. W. M. HALL, Massa- 
chusetts Institute of Technology.—A portable direct-reading 
apparatus for the measurement of rate of decay of sound 
will be described. 


15. Spatial Resonance and Standing Wave Patterns 
in Small Models of Various Shapes.* R. H. Bot, Uni- 
versity of California at Los Angeles—An experimental 
method has been developed for exploring the distribution 
of sound in reflective enclosures of various shapes, with 
dimensions of the order of 8” to 16”. These models are 
assembled from standardized, plastic units. Sound is intro- 
duced through a small opening in one wall. The sound may 
be detected, by means of a tuned exploring tube and micro- 
phone, at any point in the model. A pointer indicates the 
pick-up position on a full scale plan of the model. Three 
general steps are followed in the investigation of each 
model. The intensity response is plotted as a function of 
frequency, up through the first hundred eigentones, the 
frequency of the first few eigentones being measured to 
about 0.1 percent. The standing wave pattern is plotted 
for several modes of vibration, at enough sections to 
establish the three-dimensional pattern. Finally the inten- 
sity distribution is explored by using a high frequency 
warble tone which excites a number of eigentones. Theo- 
retical considerations are applied where possible. For the 
rectangular and cylindrical models, simple solutions of the 
wave equation are obtainable. In these two cases the ob- 
served eigenfrequencies and wave patterns agree with 
theoretical predictions to within the experimental accuracy 
of the method. Approximate methods of solution are sug- 
gested for some other shapes, and preliminary confirmation 
is indicated. 


* Twenty-five minutes allowed for papers 15 and 16. 


16. Frequency Distribution of Eigentones in a Three- 
Dimensional Continuum. R. H. Bott, University of 
California at Los Angeles—Rayleigh derived an asymptotic 
formula for the number of characteristic frequencies or 
eigentones, N, up to a given frequency, »v, and the deriva- 
tive form which gives the number of eigentones in the 
range v to v+dy. This dN form was applied successfully to 
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quantum radiation laws. In acoustic terminology the 
equations are: N=(4rV/3c*)h3 and: dN= (4x V/c3)y2 gy 
where V is the volume of the room and c is the Velocity of 
sound, It is shown that these simple formulae do not apply 
accurately to sound waves, especially in small rooms anq 
at low frequencies. The discrepancy is attributable to the 
comparatively small number of eigentones involved, 
compared to the number of characteristic frequencies 
usually concerned in the case of electromagnetic radiation, 
More accurate expressions have been derived, for a ree. 
tangular room, from a consideration of the density of 
characteristic points in frequency space. The new formulae 
are: 
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2Vv+cR} 
2Vv+(c/2)R 


308 ; 


4nV | 
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and, after expansion and simplification: 
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= v av” 
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where R=(L,L,)?+(L,L.)?+(L.Lz)*; Lz, Ly, Lz are the 
dimensions of the rectangular room. These new formulae 
fit the ‘“‘exact,”” stepped curves very nicely, even for the 
first few eigentones. These new forms have certain practical 
applications to experimental acoustics. The lower fre. 
quency-limit of uniform resonance response of a room is 
obtained more accurately than by previous theory, A new 
formula is given for the average energy, in a room, asa 
function of frequency. Finally it is suggested that the new 
equations may be of some value in the theoretical treatment 
of reverberation as made up of free damped vibrations of 
a three-dimensional continuum. 


17. The Distribution of Eigentones in a Rectangular 
Chamber at Lower Frequency Ranges. D. Y. Maa, 
Harvard University. (10 min.)—According to previous 
calculations the number of eigentones in a rectangular 
chamber of volume V with frequencies less than » is 
given by 

N= (41/3) (Vv3/c3) 


where c is the velocity of waves. This relation only holds 
for very large numbers of eigentones, i.e., when » is very 
high. For lower frequency ranges the corrected value of NV 
has been found to be 


where S is the total surface area and L the sum of three 
dimensions of the chamber. This formula is suggested to 
be used in acoustic problems with V taken as the volume, 
S the total surface area and L the sum of half the perimeter 
and the height of the chamber. 


18. The Diffraction of Sound by Ribbons and by Slits. 
Puitip M. Morse AND PEARL J. RUBENSTEIN, Massa- 
chusetts Institute of Technology. (20 min.)—The exact solu- 
tion of the diffraction problem in elliptic cylinder coordi- 
nates is computed by the use of newly compiled tables of 
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Mathieu functions. Curves are given for the distribution- 
in-angle and total intensity scattered, for the diffraction 
by a slit or the scattering by a thin ribbon, of waves whose 
length is the same order of magnitude as the slit or ribbon 
width. The curves are for different angles of incidence, and 
for different wave-lengths. Calculations can also be made 
of the effective area of strips of absorbing material placed 


on a reflecting wall. 


19. Investigation of Room Acoustics by Steady State 
Transmission Measurements. F. V. Hunt, Harvard 
University. (15 min.)—It should be possible to deduce the 
necessary acoustical information concerning the bounding 
surfaces of a room from steady-state measurements of the 
transmission between a source and a receiver appro- 
priately placed in the room. This problem is being studied 
by using a small model chamber yielding discrete normal 
modes of vibration in the range from 200 to 1500 cycles. 
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A small sound source having substantially constant output 
over this frequency range was developed and comprises a 
multiple capillary formed by packing a brass tube with 
parallel round wires, the sound from a dynamic receiver 
passing down the canals between the wires. Resonant 
pressure peaks in the chamber corresponding to the first 
fifty normal modes of vibration have been observed and 
identified. Analysis and experiment indicate that the total 
absorption in the chamber for a given mode of vibration 
can be measured by observing the width of the resonance 
curve at the half-intensity height. By selection of different 
modes of vibration, absorption coefficients are obtained as 
functions of both frequency and angle of incidence, the 
latter including grazing incidence. The decay rates pre- 
dicted by these measurements have been checked experi- 
mentally. Plans will be discussed for the extension of these 
results to large scale rooms by an appropriate statistical 
analysis. 
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20. Acoustical Analysis of the Pressure Waves Accom- 
panying Detonation in the Internal-Combustion Engine. 
C. S. DRAPER AND P. M. Morse, Massachusetts Institute 
of Technology. (20 min.)—Detonation in the internal- 
combustion engine is characterized by a sudden local 
increase in pressure in some part of the charge, which is 
followed by intense pressure waves within the combustion 
chamber. High speed pressure recorders have shown that 
the frequencies of these waves agree with those predicted 
by the ordinary acoustical theory. Recently simultaneous 
records have been taken of pressure fluctuations in different 
parts of the chamber. Theoretical analysis of the transient 
conditions produced by the detonation impulse indicates 
that these records can be used to determine the spatial 
distribution of the initial disturbance. Relative amplitudes 
of the various modes of vibration make it possible to 
estimate the spread of the initial disturbance; and their 
relative phases on the separate records locate approxi- 
mately its position in the chamber. Analyses have been 
made for simple cylindrical and hemispherical combustion 
chambers and have been applied to engine records for 
chambers of both types. 


21. Measurement of Acoustic Impedance. R. D. Fay 
AND W. M. Hatt, Massachusetts Institute of Technology. 
(15 min.)—Apparatus developed for determining acoustic 
impedance will be described and demonstrated. The device 
is the acoustical equivalent of an electrical transmission line. 


22. Attenuation of Sound in Tubes. R. D. Fay, Massa- 
chusetts Institute of Technology. (20 min.)—Apparatus has 
been developed for determining the attenuation constant 
of sound waves in tubes. In the frequency range from 
600 c.p.s. to 5000 c.p.s. measurements are consistent to 
1 percent for like conditions. By subtracting the effects 
due to the tube walls, the attenuation of plane waves in 
free air may be found. 


23. Resonant Frequencies of Certain Pipe Combinations. 
J. D. Trimmer, Massachusetts Institute of Technology. 
(15 min.)—Computations are made of the acoustical 
impedance looking into an ‘“extended’”’ combination of 
pipes (i.e., one in which pipes are joined one to the next) 
and into a “reéntrant”’ system (i.e., one in which some of 
the pipes come back to the starting point). The resonant 
frequencies of such combinations are discussed. Attention 
is given particularly to the extended system which is the 
generalization of the Haskell organ pipe, namely, a pipe 
joined at its far end by the parallel combination of an 
open pipe and a closed pipe; and to the reéntrant system 
consisting of two pipes in parallel (a “divided path”) 
joined at their far juncture by a closed pipe. Comparison 
is made for a specimen of each of these two types between 
theoretical and measured values of impedance. The re- 
entrant system is particularly interesting because, though 
it is a closed system, it has the same resonant frequencies 
as a simple open pipe. 
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24. A Tubular Directional Microphone. W. P. Mason 
AND R. N. MArRsHALL, Bell Telephone Laboratories. 


25. Reversed Speech. E. W. KELLoGG.—Recording 
sound and then reproducing it with the rotation of the 





ACOUSTICAL SOCIETY OF AMERICA 


record reversed is not only a means of amusement, byt 
serves to throw some light on our habits of speech, par- 
ticularly if one tries reversing the order of the origina] 
pronunciation, so that the reproduced sound may be 
actual words. Some of the writer’s observations are given 
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